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Digital  Communications  Systems:  Propagation  Effects, 
Technical  Solutions,  Systems  Design 

(AGARD  CP-574) 


Executive  Summary 


Digital  communications  systems  are  important  elements  in  military  systems  because  of  the  security  and 
discretion  which  they  provide  in  the  transmission  of  information. 

In  addition  to  the  great  many  advances  which  have  been  made  in  the  last  decade,  this  symposium 
showed  that  very  considerable  progress  will  be  achieved  in  the  near  future. 

The  studies  being  carried  out  on  transmission  media  in  all  the  frequency  ranges,  from  decametric  waves 
(HF  waves)  to  submillimetric  waves  (EHF  waves)  enable  us  to  model  them  better,  to  simulate  them 
better  and  then  to  use  them  better. 

The  spin-off  for  transmission  systems  is  immediate.  New  advances  have  been  made,  using  more 
complex  signal  processing,  data  encoding  and  processing  procedures,  which  now  appear  as  the  vectors 
of  future  progress.  The  symposium  showed  that  we  can  expect  considerable  improvements  in  the  future; 

—  in  the  quality  of  data  transmission  by  the  use  of  more  complex  techniques  and  better  matching 
to  transmission  channels; 

—  in  the  security  and  discretion  of  communications,  in  particular  by  the  use  of  more  powerful 
encoding; 

—  in  the  adaptivity  of  systems  to  transmission  channels  by  the  use  of  new  methods,  such  as  the 
real  time  evaluation  of  these  channels  and  the  use  of  new  methods  such  as  passive  evaluation, 
which  introduces  a  new  argument  into  the  debate  about  the  discretion  of  communication  links 

In  conclusion,  it  would  appear  that  digital  data  links  are  still  in  full  progress,  driven  by  major  technical 
developments. 


Systemes  de  transmission  numerique:  effets  de  la 
propagation,  solutions  techniques,  conception 

des  systemes 

(AGARD  CP-574) 


Synthese 

Les  systemes  de  transmissions  numeriques  sont  importants  dans  les  systemes  militaires  par  la  securite  et 
la  discretion  qu’ils  assurent  dans  la  transmission  des  informations. 

Si  de  nombreuses  avancees  ont  ete  faites  durant  la  demiere  decennie,  le  symposium  a  montre  que  de 
tres  importants  progres  sont  a  attendre  dans  un  avenir  proche. 

Les  etudes  menees  dans  toutes  les  gammes  de  frequences,  des  ondes  decametriques  (ondes  HF)  aux 
ondes  submillimetriques  (ondes  EHF),  sur  les  milieux  de  transmission  permettent  de  mieux  les 
modeliser,  de  mieux  les  simuler  et,  par  suite,  de  mieux  les  utiliser. 

Les  retombees  sur  les  systemes  de  transmission  sont  immediates.  De  nouveaux  progres  ont  ete  reveles, 
faisant  appel,  notamment,  a  des  procedures  plus  complexes  de  traitement  de  signal,  de  codage  et  de 
traitement  de  F information  qui  apparaissent  comme  les  vecteurs  porteurs  des  progres  futurs. 

Le  symposium  a  montre  qu’il  faut  s’attendre  pour  F avenir  a  des  ameliorations  importantes: 

—  Sur  la  qualite  des  transmissions  de  donnees  par  Femploi  de  techniques  plus  complexes  et  de 
meilleures  adaptations  aux  canaux  de  transmission; 

—  Sur  la  securite  et  la  discretion  des  communications,  notamment  par  la  mise  en  oeuvre  de  codages 
plus  puissants; 

—  Sur  Fadaptativite  des  systemes  aux  canaux  de  transmission  par  F  evaluation  en  temps  reel  de  ces 
demiers  et  par  de  nouvelles  methodes,  telles  que  les  evaluations  passives  qui  ajoutent  une 
discussion  supplementaire  a  la  discretion  des  liaisons. 

II  apparait  finalement,  que  les  transmissions  numeriques  de  donnees  sont  encore  en  pleine  progression 
soutenues  par  les  importants  developpements  de  la  technique. 
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Theme 


The  increase  of  digital  system  data  rates,  their  rapid  extension  to  ever-growing  applications  make  these  systems  more 
dependent  on  propagation  effects.  Much  work  is  being  carried  out  in  NATO  countries  on  systems  of  considerable  interest  for 
military  applications.  In  the  high-frequency  domain,  studies  on  reliable  modems  are  still  of  current  interest.  In  the  metric  and 
decimetric  wave  bands,  propagation  effects  are  well  known,  especially  those  related  to  communication  range  variations, 
electronic  countermeasures,  and  urban  zone  propagation.  In  the  microwave  band,  diffusion  phenomena  are  of  greater 
importance.  The  problems  caused  by  propagation  in  digital  communications  systems  are  far  from  being  mastered,  and  the 
optimum  technical  solutions  have  not  yet  clearly  appeared,  partly  because  of  the  rapid  emergence  of  new  signal  and  data 
processing  techniques. 

The  symposium  enabled  the  scientific  and  technical  communities  to  exchange  their  expert  knowledge,  in  particular  in  the 
areas  of  the  physics  of  propagation,  modelling  and  systems. 

The  symposium  covered  the  following  topics: 

—  Limitations  imposed  by  propagation  on  digital  communications  systems.  All  frequency  bands; 

—  Recent  advances  in  propagation  evaluation  and  in  propagation  models; 

—  Simulation  of  communication  channels; 

—  Signal  processing  methods  for  digital  communication  systems; 

—  Data  digital  communication  systems:  urban  zones,  satellites,  networks,  adaptive  systems; 

—  New  concepts  for  systems  design. 


Theme 


L’accroissement  des  debits  de  donnees  des  systemes  numeriques,  leur  generalisation  dans  des  applications  de  plus  en  plus 
nombreuses,  rendent  les  systemes  de  plus  en  plus  dependants  des  effets  de  la  propagation,  line  somme  considerable  de 
recherches  se  developpe  dans  les  pays  de  I’OTAN  sur  des  systemes  qui  presentent  une  importance  extreme  dans  les 
applications  militaires.  Dans  le  domaine  des  ondes  decametriques,  la  recherche  de  modems  fiables  est  toujours  d’actualite. 
Dans  les  gammes  metriques  et  decimetriques,  les  effets  de  la  propagation  sont  notoires,  notamment  dans  les  problemes  de 
portee,  de  contre-mesures  electroniques  et  de  propagation  en  zone  urbaine.  Dans  le  domaine  des  micro-ondes,  les 
phenomenes  de  diffusion  prennent  encore  une  plus  grande  importance.  Les  problemes  que  pose  la  propagation  dans  les 
systemes  numeriques  sont  bien  loin  d’etre  maitrises,  et  les  solutions  techniques  les  meilleures  n’apparaissent  pas  encore 
clairement,  compte  tenu  notamment  de  revolution  rapide  des  procedures  de  traitement  susceptibles  d’etre  utilisees. 

Le  symposium  propose  a  permis  a  une  double  communaute  scientifique  et  technique  de  s’exprimer,  d’apporter  des 
informations  nouvelles  sur  la  physique  de  la  propagation,  la  modelisation  et  les  systemes. 

Questions  examinees: 

—  Contraintes  de  la  propagation  sur  les  systemes  de  communication  numerique.  Toutes  les  gammes  de  frequences; 

—  Progres  recents  sur  les  mesures  de  la  propagation  et  les  modules  de  propagation; 

—  Simulation  des  canaux  de  propagation; 

—  Procedes  de  traitement  du  signal  pour  les  systemes  de  transmission  numerique; 

—  Systemes  de  transmissions  numeriques  de  I’information:  zones  urbaines,  satellites,  rdseaux,  systdmes  adaptatifs; 

—  Conception  des  systemes. 
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Foreword 


The  need  to  communicate  has  been  essential  to  man  ever  since  he  first  started  to  live  in  society  with  his  fellows. 
Telecommunications  are  simply  the  extension  of  the  kind  of  transmission  embodied  by  the  legendary  messanger  of  Marathon. 
The  Emperor  Tiberius,  a  figure  from  the  beginning  of  the  modem  era,  was  probably  the  precursor  of  digital  optical 
conununications.  His  ideas  were  relayed  to  us  by  the  Chappe  telegraph,  which  marked  the  first  scientific  invention  of  an 
organised  telecommunications  system.  More  recent  developments  in  the  last  decade  have  seen  greater  progress  in  this  field 
than  in  all  the  previous  centuries. 

This  symposium  was  marked  by  the  recent  discoveries  made  in  this  discipline  and  characterised  by  a  high  number  of 
presentations  and  a  particularly  enriching  series  of  subsequent  discussions. 

An  initial  overall  analysis  shows  that  many  new  ideas  were  proposed,  producing  animated  discussion  and  serious 
consideration  by  the  participants. 

Section  1,  devoted  to  recent  advances  in  propagation  phenomena,  centred  on  the  physics  of  the  earth’s  environment.  Although 
the  basic  phenomena  have  been  understood  for  a  long  time,  their  modelling  has  led  to  important  advances.  Random  terms  are 
being  replaced  by  the  more  precise  ones  of  Fractal,  Chaos  and  Butterfly  effect,  which  demonstrate  the  concern  to  achieve 
more  accurate  modelling,  with  more  determinist  approaches  tending  to  take  over  from  statistical  ones.  The  following  salient 
points  emerge  from  a  closer  examination  of  the  presentations  given: 

•  First  of  all,  new  techniques  were  proposed  for  reducing  radio  wave  propagation  model  computation  time  by  the 
introduction  of  codes  used  in  real  time  in  the  frequency  ranges  HF  to  EHF.  Real  time  evaluation  methods  for 
transmission  channels  are  also  being  developed  and  there  is  a  desire  to  introduce  passive  evaluation  methods  which  are 
particularly  well  suited  to  discrete  transmissions  and  perfectly  complementary  to  existing  methods.  These  passive 
methods  are  useful  for  extreme  situations  such  as  those  in  which  combatants  are  isolated  in  enemy  territory. 

•  Secondly,  the  growing  interest  in  propagation,  and  therefore  communications,  in  urban  environments  was  clearly 
evident.  There  are  many  underlying  applications  in  these  studies:  the  cellular  telephone,  GPS  systems,  direct  satellite 
radio  and  TV  broadcasting....  There  are  a  great  many  problems  with  propagation  in  urban  environments  and  not  all  of 
them  have  yet  been  solved,  but  it  emerged  that  complete  simulation  codes  have  been  developed.  However,  they  do  not 
yet  seem  to  provide  all  the  solutions  to  this  difficult  question  of  propagation  in  urban  environments;  rather  they  should 
be  considered  as  another  step  in  the  right  direction. 

The  first  set  of  papers  dealt  with  the  characterisation  of  highly  diversified  channels  working  in  the  entire  radio  spectrum.  A 
considerable  amount  of  work  has  been  carried  out  in  recent  years  in  the  upper  part  of  the  spectrum  used,  from  35  to  90  GHz, 
and  technology  developments  have  produced  components  at  prices  which  encourage  further  experimentation. 

The  results  presented  show  that  these  channels  have  special  characteristics  which  require  new  techniques  in  order  to  fully 
exploit  the  new  possibilities  which  have  been  opened  up. 

Another  very  important  point  was  underlined  by  the  papers  on  propagation  in  polar,  auroral  and  equatorial  regions.  These 
parts  of  the  globe  are  particularly  hostile  but  militarily  vital.  There  are  two  reasons  for  studying  them,  one  geophysical,  the 
other  technical.  The  presentations  clearly  illustrated  these  two  aspects.  Although  the  papers  given  during  this  second  part  of 
the  symposium  described  undeniable  progress,  almost  all  the  authors  mentioned  that  they  needed  to  continue  their  work  in 
order  to  improve  their  knowledge,  showing  the  difficulties  posed  by  the  hostility  to  telecommunications  channels  in  these 
geographical  regions. 

The  third  part  of  the  symposium  concerned  signal  processing.  This  session  is  often  the  one  where  new  theories  are  brought 
forward.  This  was  the  case  and  so  the  tradition  was  maintained.  We  can  now  say  that  complexity  of  computation  is  no  longer 
an  obstacle  for  signal  and  data  processing.  This  session  proposed  adaptive  wave  forms,  encodings  and  signal  processing 
techniques  in  which  imagination  was  the  common  denominator  between  the  speakers. 

Part  four  dealt  with  channel  simulation.  This  is  a  familiar  subject  in  symposia  on  electromagnetic  wave  propagation.  The 
papers  presented  could  be  seen  as  an  extension  of  previous  studies,  introducing  as  they  did,  major  improvements  aimed  at  a 
more  faithful  reproduction  of  true  channels.  It  is  nonetheless  true  that  the  choice  of  model  remains  the  major  problem. 
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Telecommunications  systems  were  discussed  in  Parts  five  and  six.  A  great  many  systems  were  presented  and  the  question  of 
meteor  trail  communications  systems  was  raised  and  as  usual,  provoked  some  impassioned  discussion.  These  are,  in  fact,  very 
old  systems,  which  are  nevertheless  of  great  interest  for  strategic  links,  as  they  can  be  used  under  extreme  limit  conditions. 
Generally  speaking,  it  can  be  said  that  the  theoretical  studies  carried  out  in  this  field  have  important  spin-offs  for  system 
design  and  operating  procedures.  This  is  a  comforting  thought  for  the  researchers  who  are  upstream  of  this  work.  It  was 
shown  that  civilian  systems  are  either  usable  or  transposable  to  military  systems.  This  is  certainly  of  increasing  interest  to  the 
NATO  community  and  is  a  point  for  future  consideration. 

Finally,  this  symposium  shed  new  light  on  the  important  problem  of  digital  communications  between  points  on  the  earth’s 
surface  as  well  as  with  airborne  and  satellite  systems.  The  progress  made  in  recent  years  is  probably  one  of  the  reasons  for  the 
interest  which  this  symposium  generated  and  it  is  safe  to  say  that  the  studies  presented  and  the  systems  proposed  will  be 
overtaken  in  the  future  by  new  studies  and  new  systems  with  increased  performances. 
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Avant-propos 


Le  besoin  de  communiquer  s’est  impose  a  rhomme  des  qu’il  a  voulu  se  constituer  en  societe.  Les  telecommunications  sont  le 
prolongement  de  ces  communications  dont  le  legendaire  messager  de  Marathon  a  soulignd  I’importance.  Au  debut  de  notre 
ere,  I’empereur  Tibere  a  probablement  ete  le  precurseur  des  communications  numeriques  optiques.  II  a  ete  relaye  par  le 
telegraphe  Chappe  qui  a  marqu6  la  premiere  implantation  scientifique  d’un  systeme  de  telecommunication  organise.  Les  plus 
recentes  evolutions  effectuees  dans  ces  10  demieres  annees  ont  fait  faire  a  cette  discipline  des  progres  superieurs  a  ceux  qui 
ont  existe  durant  les  siecles  passes. 

Ce  symposium  a  ete  marque  par  les  recentes  decouvertes  faites  dans  ce  domaine  et  caracterise  par  un  nombre  important  de 
presentations  et  une  richesse  particulierement  grande  des  discussions  qui  ont  6te  engag6es. 

Dans  une  premiere  analyse  globale,  on  pent  noter  que  beaucoup  d’idees  nouvelles  ont  6te  proposees  et  qu’elles  ont  entraine 
de  la  part  de  I’auditoire  des  discussions  animees  et  des  reflexions  profondes. 

Dans  la  section  1  consacree  aux  avancees  recentes  dans  les  phenomenes  de  propagation,  la  physique  de  I’environnement 
terrestre  a  ete  au  centre  des  conununications.  On  peut  remarquer  que,  si  les  phenomenes  de  base  sont  pour  la  plupart  connus 
depuis  longtemps,  leur  modelisation  a  donne  lieu  a  des  progres  relativement  importants.  On  commence  a  substituer  aux 
termes  aleatoires  des  termes  plus  precis  de  fractal,  de  chaos,  d’effet  papillon  qui  traduisent  le  souci  d’une  modelisation  plus 
precise  tendant  a  substituer  aux  approches  statistiques  des  approches  plus  deterministes.  Si  on  examine  plus  en  details  les 
communications  presentees,  quelques  points  emergeants  doivent  etre  signales. 

•  Tout  d’abord,  de  nouvelles  techniques  ont  ete  proposees  pour  reduire  les  temps  de  calcul  des  modeles  de  propagation 
des  ondes  radioelectriques  par  I’introduction  de  codes  utilisables  en  temps  reel  dans  les  gammes  de  frequences 
s’etendant  du  domaine  HF  au  domaine  EHF.  Des  methodes  d’evaluation  en  temps  reel  des  canaux  de  transmission 
sont  egalement  developpees  et  il  est  apparu  un  souci  d’implanter  des  methodes  d’evaluations  passives  particulierement 
bien  adaptees  aux  transmissions  discretes  et  parfaitement  complementaires  aux  methodes  existantes.  Ces  methodes 
passives  presentent  un  interet  dans  des  situations  extremes  telles  que  celles  que  connaissent  des  personnes  isolees  en 
periode  conflictuelle  sur  un  territoire  ennemi. 

•  II  est  apparu  enfin  clairement  I’interet  grandissant  des  propagations,  done  des  communications,  en  milieu  urbain. 
Beaucoup  d’ applications  sont  sous-jacentes  a  ces  etudes:  le  telephone  cellulaire,  les  systemes  GPS,  la  radio  et  la 
telediffusion  directes  par  satellite...  Les  problemes  que  posent  ces  propagations  en  milieu  urbain  sont  nombreux  et 
encore  non  resolus  en  totalite  mais  il  est  apparu  que  des  codes  de  simulation  complets  avaient  ete  developpes. 
Cependant,  ils  ne  semblent  pas,  pour  I’instant,  apporter  toutes  les  solutions  souhaitees  au  difficile  probleme  de  la 
propagation  en  milieu  urbain  mais  ils  doivent  etre  consideres  comme  un  pas  suppl6mentaire  effectue  dans  cette 
direction. 

Un  premier  groupe  de  communications  a  ete  consacre  a  la  caracterisation  des  canaux  tres  diversifies  travaillant  dans  tout  le 
spectre  radioelectrique.  Dans  la  partie  haute  du  spectre  utilise,  35  h  90GHz,  des  efforts  ont  ete  effectues  ces  demieres  annees 
et  le  developpement  de  la  technologie  permet  actuellement  de  disposer  des  composants  dont  les  prix  d’acquisition  autorisent 
davantage  d’experimentations. 

Les  resultats  presentes  revelent  que  ces  canaux  ont  des  caracteristiques  particulieres  qui  necessiteront  des  techniques 
nouvelles  pour  exploiter  pleinement  les  possibilites  qui  se  trouvent  ainsi  ouvertes. 

Un  second  point  particulierement  important  a  ete  souligne  par  I’apport  d’etudes  de  propagation  dans  les  zones  polaires, 
aurorales  et  equatoriales.  Ces  regions  sont  particulierement  hostiles  mais  militairement  capitales.  L’ interet  de  leur  etude  est 
double,  d’une  part  geophysique,  d’autre  part  technique.  Les  presentations  effectu6es  ont  clairement  revele  ces  deux  aspects. 
Si  les  communications  presentees  dans  cette  seconde  partie  ont  revele  des  progres  indeniables,  la  quasi-totalite  des  orateurs  a 
cependant  mentionn6  qu’ils  devaient  poursuivre  leurs  etudes  pour  approfondir  leurs  connaissances  revelant  ainsi  les 
difficultes  que  pose  Thostilite  des  canaux  de  telecommunication  dans  ces  regions  geographiques. 

La  troisieme  section  a  ete  consacree  au  traitement  de  signal.  Cette  session  est  souvent  celle  ou  apparaissent  des  theories 
nouvelles.  Ce  fut,  selon  la  tradition,  le  cas.  On  peut  constater  que  la  complexite  des  calculs  ne  parait  plus  etre  un  obstacle 
pour  le  traitement  de  signal  et  de  I’information.  On  a  done  propose  des  formes  d’ondes,  des  codages  et  des  traitements  de 
signaux  souvent  adaptatifs,  dans  lesquels  on  a  pu  juger  que  I’imagination  etait  un  denominateur  commun  a  tons  les  orateurs. 
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La  section  4  portait  sur  la  simulation  des  canaux.  Ce  theme  apparait  tres  souvent  dans  les  symposia  qui  traitent  de  la 
propagation  des  ondes  electromagnetiques.  Les  communications  presentees  se  sont  inscrites  dans  le  prolongement  des  etudes 
anterieures  en  introduisant  des  perfectionnements  importants  visant  h  une  reproduction  plus  fidele  des  canaux  reels.  11  n’en 
demeure  pas  moins  vrai  que  le  choix  du  modMe  insere  demeure  encore  le  probleme  majeur. 

Les  systemes  de  telecommunication  etaient  abordes  dans  les  sections  5  et  6.  De  nombreux  systemes  ont  ete  presentes  et  les 
systemes  de  communication  par  trainees  meteoritiques  ont  souleve,  comme  il  est  usuel,  des  discussions  passionnees.  II  s’agit 
d’un  systeme  tres  ancien  qui,  cependant,  offre  toujours  un  interet  majeur  pour  les  liaisons  strategiques  demeurant  utilisable 
dans  des  conditions  extremes.  D’une  fa9on  generale,  on  a  pu  noter  que  les  etudes  theoriques  ont  des  retombees  importantes 
vers  la  conception  des  systemes  et  les  procedures  d’utilisation.  Cette  constatation  est  reconfortante  pour  les  chercheurs  qui  se 
situent  en  amont  des  ces  realisations.  II  est  apparu  que  les  systemes  civils  etaient  utilisables  ou  transposables  aux  systemes 
militaires.  Ce  point  est  surement  d’un  interet  croissant  pour  la  communaute  de  I’Organisation  du  Traite  de  I’Atlantique  Nord 
et  constitue  probablement  un  point  sur  lequel  il  y  aura  lieu,  a  I’avenir,  de  se  preoccuper. 

Finalement,  on  pent  considdrer  que  ce  symposium  a  apporte  des  eclairages  nouveaux  sur  1’ important  probleme  des 
telecommunications  numeriques  entre  des  points  situes  au  sol  aussi  bien  que  sur  les  liaisons  avec  les  systemes  embarques  et 
les  systemes  satellitaires.  Les  progres  realises  ces  demieres  annees  sont  probablement  I’une  des  raisons  des  interets  qu’a 
suscite  ce  symposium  et  on  doit  constater  qu’a  I’avenir  les  etudes  presentees,  les  systemes  proposes,  verront  de  nouvelles 
etudes  et  de  nouveaux  systemes  leur  succeder  avec  des  performances  accrues. 
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‘FLOW  OF  INFORMATION  IN  FUTURE  AIR  WAR’ 

by 
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2.  AIR  TACTICS  CENTER 

Before  getting  into  the  subject  of  this  tutorial,  I  am  going  to  say  a  few  things  about  the 
Hellenic  Air  Tactics  Center  (AIRTAC),  where  I  am  honoured  to  be  the  Commander;  namely 
about  its  history,  organization  and  purpose. 

The  AIRTAC  was  founded  in  July  1983  as  an  independent  unit  in  Andravida  AFB  and  it 
was  the  result  of  the  continuously  changing  operational  environment  and  the  subsequent 
requirements  for  advanced  training  in  air  tactics  and  electronic  warfare. 

Until  then,  the  training  of  personnel  was  carried  out  by  schools  in  different  locations  all 
over  Greece,  under  the  command  of  Hellenic  Tactical  Airforce  (HTAF)  or  other  branches  of  the 
armed  forces. 

In  1987  a  three-branch  school,  specialised  in  joint  electronic  warfare,  was  created  in 
AIRTAC  in  order  to  apply  the  new  developments  in  this  sector  of  activity.  This  shows  the 
dynamic  evolution  of  the  Center  and  the  uniqueness  of  its  mission. 

The  Center  covers  a  wide  spectrum  of  tasks  (activities)  which  are  referred  to,  as  missions 
and  are  outlined  below: 

a.  It  provides  advanced  academic  and  flight  training  in  all  kinds  of  missions  and 
air  tactics,  for  experienced  pilots,  according  to  our  doctrine. 

b.  Under  the  supervision  of  HTAF,  the  Center  carries  out  operational  tests  and 
evaluation  of  weapons  and  weapon  systems. 

c.  It  observes  both  the  technological  evolution  and  the  advances  in  equipment  and 
it  elaborates  studies  concerning  the  increase  of  HAF  combat  capability. 


Paper  presented  at  the  AGARD  SPP  Symposium  on  “Digital  Communications  Systems:  Propagation  Effects, 
Technical  Solutions,  Systems  Design”,  held  in  Athens,  Greece,  18-21  September  1995  and  published  in  CP-574. 
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d.  Finally,  the  Center  is  responsible  for  transfering  specific  operational 
knowledge  in  the  fields  of  air-support  and  co-ordination,  to  the  other  two  branches  of  the 
Hellenic  Armed  Forces  and  to  the  intelligence  community  as  well. 

AIRTAC  offers  several  training  courses  in  yearly  basis,  which  are  provided  by  its 
separate  Schools;  namely,  the  Weapon  and  Tactics  School,  the  HAF  Electronic  Warfare  School, 
the  Air  To  Ground  Joint  Operations  School,  and  the  Joint  Electronic  Warfare  School. 

Having  outlined  the  purpose  and  the  flmction  of  the  AIRTAC,  where  I  am  honoured  to 
be  the  Commander,  it  is  now  time  to  pass  into  the  main  part  of  this  tutorial  which  is  the  ‘Flow 
of  Information  in  Future  Air  War’. 


3.  INTRODUCTION 

However,  before  proceeding  further,  it  would  be  useful  to  say  a  few  words  about  the 
reasons  that  inspired  me  to  select  this  subject. 

Information  technology  has  advanced  rapidly  during  the  last  two  or  three  decades  not 
only  in  the  aspects  of  transfer  speed  and  capacity,  but  also  in  versatility  and  robustness.  At  the 
same  time  the  cost  of  the  electronic  material  has  been  reduced  to  a  tiny  fraction  of  the  cost  of 
the  first  machines  which  were  built  in  '60s.  It  has  been  said  [Sedgewick]  that  ‘‘if  this 
tremendous  advance  had  been  achieved  in  commercial  passenger  airplanes,  an  airplane 
should  carry  2. 000  passengers  round  the  world  in  one  hour,  consuming  only  1  It.  of  petroV . 

Despite  this  obviously  advantageous  technological  infrastructure,  which  we,  today, 
have  the  privilege  to  use,  it  is  regretfully  true,  that  the  amount  of  messages  to  and  from 
various  departments  of  the  modern  armed  forces,  have  multiplied  by  such  a  factor,  that  they 
threaten  to  fill  up  the  capacity  of  the  existing  communication  systems.  When  this  happens, 
new,  more  powerful  communication  systems  will  be  developed  and  used  in  accordance  with 
the  famous  Parkinson’s  Law:  “"The  use  of  communication  will  expand  to  fill  the  capacity  of  the 
system'.  A  more  serious  concern  is  the  number  of  people  required  to  execute  or  take  some 
action  on  them.  The  ratio  of  the  staff  officers  to  the  soldiers  is,  already,  big  and  increasing  and 
it  is  not  an  exaggeration  to  say  that  in  some  years,  there  will  be  less  soldiers  than  staff 
officers. 

I  will  start  this  introducrtory  tutorial  with  the,  always  necessary.  Historic  Backround, 
and  then,  the  Description  of  a  War  Scenario  will  follow.  After  that,  I  will  give  a  general 
overview  of  the  requirements  and  the  capabilities  of  all  the  systems  involved  in  the  modem 
Air  Battle  communications;  namely  the  Intelligent  Information  Systems,  the  Information 
Fusion  Systems,  the  Information  Processing  Systems,  and  the  Distribution  Information 
Systems.  Finally,  I  will  close  my  speech  with  some  Future  Trends  for  the  Electronic  Transfer 
of  Information. 
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4.  HISTORIC  BACKGROUND 

The  flow  of  information  for  military  purposes  is  traced  back  in  the  ancient  years.  A 
characteristic  example  can  be  extracted  from  the  Marathon  Battle,  which  took  place  in  490 
B.C.  and  where  the  Greeks  defeated  the  Persians  despite  their  disadvantage  in  the  number  of 
troops.  After  the  battle,  a  messager,  known  until  today  as  the  Marathon  Runner,  ran 
continuously  for  40  km  to  convey  the  victory  word  ^ NENIKIKAMEhT  to  the  Athenians  and 
then  dropped  dead.  More  recently  Napoleon  had  his  orders  transmitted  at  the  speed  of  about 
10  Km/h  at  Jean  -  Auerstadt.  With  his  corps  separated  by  an  average  distance  of  60  km,  he 
could  order  and  manoeuvre  his  individual  corps  about  three  times  a  day. 

Since  then,  great  strides  have  been  made.  Even  in  the  unsophisticated  days  of  the  First 
World  War,  a  single  field  army  required  daily  an  amazingly  high  number  of  telegrams, 
telephone  calls  and  dispatches  carried  by  courier. 

Today  the  rapid  advances  in  communication  have  changed  completely  the  role  of 
information  in  the  modern  battlefield.  It  can  be  said,  that  the  air  battle,  where  the  actions  are 
fast  and  the  environment  is  changing  second  after  second,  has  most  benefitted  from  these 
advances.  The  increasing  need  for  fast  decisions  and  reactions  of  the  pilots,  combined  with  the 
need  for  real  time  communications  with  the  command  and  control  centers,  have  been 
satisfied  by  the  capabilities  of  the  modern  communication  equipment. 

Computer  networks  permit  the  communication  between  headquarters  separated  by 
long  distances  which,  now,  can  share  information  in  real  time. 

Satellite  communications  opened  new  horizons,  but  also  posed  problems  since  a  single 
transmission  covers  an  enormous  area  and  the  national  boundaries  are  no  barriers  anymore. 
Therefore,  the  issue  of  security  must  be  taken  more  seriously  into  account. 

Optical  fibre  communications  present  probably  the  most  challenging  aspects  of 
modern  systems.  Their  low  cost,  enormous  bandwidth,  very  small  attenuation,  high  flexibility 
and,  especially,  very  good  security  against  external  interference  make  them  ideally  suited  for 
military  applications. 

All  these,  and  other  technological  advances,  have  given  new  meaning  to  the  term  ‘flow 
of  information’  in  the  modem  air  war. 

However  all  this  vast  amount  of  information  introduces  two  big  problems. 

The  first  one  is  the  correct  transfer  of  the  data  and  its  security  against  external  factors. 
In  order  to  solve  this  problem,  different  kinds  of  codes  are  used,  either  for  security,  or  error 
detection  and  correction. 

The  other  problem  is  focused  in  the  amount  of  information  available  today.  It  is 
obvious  that  only  a  small  percentage  of  it  is  really  useful.  In  one  recent  large  scale  exercise, 

1 0,000  messages  were  lost:  There  was  no  noticeable  effect  on  the  exercise.  Therefore,  there  is 
an  increasing  need  for  filtration,  prioritisation  and  training  in  the  process  of  data  handling. 
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5.  DESCRIPTION  OF  A  WAR  SCENARIO 

A  typical  air  defence  scenario  which  shows  the  importance  of  rapid  and  reliable  flow 
of  information  between  the  command  centers  and  the  fighter  pilots  is  shown  in  Figure  1 . 

The  scenario  includes  three  main  types  of  enemy  raidi  attack  on  airbone  early  warning, 
enemy  fighter  sweep,  and  an  escorted  deep  strike  raid.  In  addition  to  the  primary  airbone 
targets  and  threats,  the  tactical  aid  must  also  deal  with  numerous  other  enemy  and  friendly 
aircraft  in  the  scene,  as  well  as  threats  from  enemy  ground  forces. 

In  a  situation  like  this,  the  importance  of  an  appropriate  man  machine  interface,  with 
particular  emphasis  on  display  formats  and  crew  interaetion,  is  self-evident.  Also,  for  the 
tactical  aid  to  be  of  maximum  benefit,  it  is  necessary  to  demonstrate  and  assess  it  in  a  realistic 
environment. 

The  first  function  of  a  system,  with  the  purpose  to  assist  the  crew  in  understanding  the 
environment  into  which  they  will  ^play^  their  role,  should  be  the  Situation  Assessment.  Figure 
2  shows  some  of  the  factors  which  are  related  with  the  term  ‘Situation  Assessment  .  The  main 
purpose  of  it  is  to  reduce  the  whole  of  the  outside  scene,  referred  to  as  the  alpha  scene,  to  a 
smaller  selected  number  of  the  most  important  targets  and  threats,  known  as  the  beta  sce^. 
This  process  includes  features  like  deletion  of  friendly  tracks  from  the  threat  list, 
determination  of  which  enemy  aireraft  will  come  within  engagement  range  first,  and 
addressing  of  target  behaviour. 

The  next  function  as  it  is  shown  in  Figure  3  should  be  the  Attack  Planning.  Here,  a 
range  of  different  attack  options  are  computed  against  each  aircraft  in  the  beta  scene.  These 
include  various  tacties  in  terms  of  aircraft  approach  paths  and  missile  launch  points. 

On  each  attack  option,  full  missile  firing  brackets,  from  maximum  to  minimum  range, 
should  be  computed  against  primary  and  secondary  targets.  These  include  representative 
performance  of  the  missile  in  each  of  its  critical  phases;  an  example  to  illustrate  those  for  a 
mid-course  guided  active  homing  missile  is  shown  in  Figure  4. 

The  third  major  system  function  should  be  the  Enemy  Counter  -  Attack  Assessment 
where  the  risks  associated  with  each  of  the  attack  options  is  assessed.  This  is  done  by 
examining  the  attack  paths  and  missile  launch  opportunities  of  the  enemy  threat  aircraft 
(Figure  5). 

By  now,  sufficient  data  should  have  been  derived  to  allow  the  next  process  to  Defence 
Planing.  As  indicated  in  Figure  6,  this  process  includes  defensive  measures  to  increase  own 
survival  probability 

The  final  system  function  should  be  the  Option  Analysis  and  Ranking,  which  decides 
the  best  option  to  go  for,  and  ranks  the  alternatives  in  a  preferred  order.  This  is  done  by 
analysing  all  the  data  aequired  and  calculated  from  the  previous  stages  in  order  to  determine 
which  option  maximises  a  special  tactical  value  function. 
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6.  INTELLIGENT  INFORMATION  SYSTEMS 

An  intelligent  information  collection  system  should  be  able  to  manage  with  the  co¬ 
ordinated  employment  of  various  types  of  sensors  as  well  as  with  other  information  sources 
and  to  deal  in  real  time  with  the  collected  data  in  order  to  provide  timely  the  users  at  each 
level  with  secure,  detailed  and  reliable  information. 

The  information  should  cover  all  aspects  and  factors  concerning  the  development  of 
the  battle  i.e.  from  the  enemy  forces  to  the  atmospheric  conditions. 

Furthermore,  one  of  the  most  important  operational  requirements  is  that  the 
correlation,  processing  and  distribution  of  data  and  information  should  concern  all  the 
interested  centers  and  command  posts  wherever  they  operate. 

The  above  are,  of  course,  applicable  not  only  in  the  air  war,  but  also  in  the  battlefield 
area  in  its  three  components  in  total  (land,  airspace  and  sea).  However,  the  importance  of  the 
operational  role  of  an  information  collection  system  in  the  Airforce  stands  on  a  completely 
different  basis.  That  is  because  the  air  battle  is  different  from  the  other  two  Armed  Force 
branches  in  two  important  aspects.  First,  is  that  the  flexibility  of  the  air  power,  which  derives 
from  the  range  and  speed  of  aircraft,  means  that  the  air  battle  reaches  places  far  beyond  those 
covered  by  others.  Secondly,  the  air  power  differs  in  the  intensity  of  the  battle.  Whereas  it  can 
take  days  to  manoeuvre  land  corps,  the  air  power  cannot  only  generate  on  line  very  quickly, 
but  it  can  also  operate  at  a  rate  of  many  sorties  a  day.  These  differences  mean  that  an 
information  collection  system  customised  in  the  needs  of  the  Air  Force  should  provide  the 
extra  speed  and  analytical  ability  which  are  important  in  order  to  cope  with  the  rapid  decision 
making  which  characterises  the  air  power. 

An  intelligent  information  collection  system  should  provide  a  global  picture  of  the 
battlefield  in  real-time,  to  allow  the  performance  of  the  command  and  control  functions. 
Therefore,  it  should  be  capable  of  responding  fully  and  immediately  to  any  variation  of  the 
threat  of  an  enemy  attack. 

In  order  to  achieve  this,  the  system  should  have  the  feature  of  combining  the 
knowledge  of  the  enemy  deployment  and  capabilities,  the  general  environment  and  the 
evaluation  of  enemy  intentions. 

There  are  already  enough  information  collection  systems  in  existence  (CATKIN, 
SIACCON  etc.)  and  their  technical  aspects  are  not  the  subject  of  this  introductory  tutorial. 

However,  all  of  them  have  two  common  elements;  The  basic  architecture  structure  and 
the  pre-requisites  in  order  for  the  system  to  be  efficient. 
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6.1  Pre-requisites  for  efficiency 

Elements  of  success  of  an  efficient  system  are: 

•  Continuity  in  time  and  space  of  the  coverage.  Information  on  the  enemy  must 
be  collected  by  mean  of  highly  sensitive  instruments  utilising  diversified 
technologies  capable  of  operating  in  different  environmental  conditions. 

•  Capacity  to  conceal,  or  to  contain  at  a  low  level  the  enemy’s  knowledge  of  its 
own  collection  facilities.  That  could  induce  the  enemy  to  risk  incomplete 
preparation  in  certain  areas  to  achieve  total  surprise. 

•  Time  response  of  the  system  sufficiently  small  to  satisfy  the  need  of  the 
decision  maker. 

•  Intelligence  conception.  The  limit  of  intelligence  to  offer  full  proof  advance 
warning,  is  dependant  not  only  upon  the  limitation  of  information  collection,  but 
also  upon  the  limitation  of  analysis. 


6.2  System  Architecture 

To  meet  the  previously  mentioned  strategic  demands  and  to  satisfy,  in  the  meantime, 
requirements  like  operational  flexibility,  high  survivability,  reconfigurability  and  mobility,  an 
efficient  system  should  be  marked  by  intelligence  distribution  and  redundancies  of  functions 
and  structures. 

The  basic  architecture  structure  of  a  typical  system  presents  the  following  main 
elements: 


•  Acquisition  Sensors 

•  Processing  Network 

The  Acquisition  Sensors,  depending  on  each  independent  configuration,  comprise  a 
range  of  elements  such  as  different  kinds  of  telemeters,  radars,  RPV’s  etc.. 

On  the  other  hand,  the  Processing  Network,  in  general  terms,  is  a  network  of 
computing  facilities  associated  to  the  Command  Centers  at  various  levels.  The  Acquisition 
Sensors  are  attached  on  this  network  and  provide  the  computer  infrastructure  with  the 
necessary  data.  It  is  evident  that  the  products  of  the  data  processing  should  be  easily 
accessible  to  each  level  of  command 

Special  attention  to  the  architecture  of  an  information  collection  system  should  be 
devoted  to  the  problem  of  interoperability  between  ground  and  air  operations  in  order  to 
achieve  the  best  battle  management. 
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6.3  Performance  of  an  efficient  information  system 

As  a  conclusion  for  the  information  systems  it  can  be  said  that  the  basic  demand  which 
should  be  fulfilled  by  them  is  the  prompt  acquisition  of  suitable,  complete  and  updated 
information.  This  enables  the  rapid  decisional  process  on  the  battle  field  and  optimises  the 
employment  of  the  available  resources  and  the  exploitation  of  the  new  weapons  as  well. 

The  above  has  to  be  guaranteed  for  all  weather  conditions  and  in  extremely  complex 
electromagnetic  environment  taking  also  into  account  all  the  possible  countermeasures 
adopted  by  the  enemy. 


7.  INFORMATION  FUSION  SYSTEMS 

The  fusion  of  the  data  collected  from  various  sources  as  mentioned  above,  is  a 
complex  problem.  The  principal  characteristics,  apart  from  the  amount  of  data,  which  make 
this  procedure  difficult  are: 

•  information  is  incomplete. 

•  uncertainty  and  error  are  inherent  in  the  information 

•  information  is  from  numerous  sources  of  many  different  characteristics, 

relating  to  various  levels  of  the  forces 

•  information  is  both  temporally  and  spatially  different 

•  information  may  be  conflicting 

Thus,  there  is  a  clear  requirement  for  computer  based  data  fusion  aids  to  assist  the 
intelligent  officer  in  understanding  what  is  actually  happening,  in  recognising  the  enemy’s 
intentions  and  the  threats  they  pose,  and  in  the  effective  deployment  of  own  forces. 

A  first  level  of  the  analysis  of  the  incoming  data  is  its  correlation  with  existing  data  to 
determine  whether  the  new  data  is  previously  known  to  the  system,  or  it  is  new  data  on  its 
own  right. 

Secondly,  it  is  necessary  to  cluster  the  data  into  divisions,  regiments  etc.,  in  order  to 
utilise  all  the  information  regarding  a  single  object,  such  as  a  battle  force. 

Finally,  this  information  can  be  used  to  identify  the  force  structure  and  posture. 

The  process  is  continuous  with  new  data  utilised  to  update  each  of  the  levels,  and  more 
complex  because  there  are  feedback  loops  and  interaction  with  the  human  intelligence 
officers. 
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These  functions  can  be  implemented  using  Artificial  Intelligence  techniques,  as  the 
Knowledge  Based  Systems,  each  of  which  refers  to  a  different  object.  The  different 
Knowledge  Based  Systems  must  be  organised  and  communicate  in  an  effective  manner.  Two 
representation  paradigms  can  be  utilised: 

•  The  first,  Blackboard  System,  is  analogous  to  a  number  of  human  experts 
who  observe  and  modify  the  contents  of  a  blackboard  according  to  their 
individual  specialisation.  The  Blackboard  System  contains  various  Knowledge 
Sources,  which  modify  and  reason  about  the  data,  and  they  are  not  restricted  to 
real  world  information  but  they  also  refer  to  inferred  data,  and  scheduling  and 
control  information. 

•  The  second.  Message  Passing  System,  treats  Knowledge  Sources  as 
autonomous  objects,  which  interact  with  each  other  only  when  it  is  needed. 

Combining  the  two  paradigms  a  third  possibility  arises,  the  Distributed  Blackboards 
System.  Here  we  have  multiple  Blackboard  Systems,  which  interact  with  each  other  when 
needed,  using  a  special  Blackboard  Knowledge  Source,  which  is  treated  like  any  other 
Knowledge  Source. 

Underlying  in  the  whole  data  fusion  process,  is  the  necessity  of  the  human  -  computer 
interaction.  Beyond  the  man  -  machine  interface,  interfacing  with  the  inference  system  must 
be  possible.  The  user  must  be  able  to  modify  both  the  final  (inferred  from  the  data) 
hypotheses,  and  the  underlying  hypotheses  (the  inference  rules).  This  ability  is  critical  to  the 
acceptance  and  the  performance  of  the  data  fusion  process. 


8.  INFORMATION  PROCESSING  SYSTEMS 

The  operational  effectiveness  of  air  command  and  control  systems  is  likely  to  be 
severely  reduced  in  wartime  by  the  problems  inherent  in  information  collection  systems 
involving  intermittent  data  of  poor  quality.  In  war  time,  attack  aircraft  flying  offensive 
missions  will  face  a  wide  variety  of  electromagnetic  threats  in  a  quickly  changing 
environment. 

Therefore,  the  incoming  information  requires  to  be  processed  and  the  corresponding 
systems  should  be  designed  to  operate  in  a  very  dense  and  complex  EM  environment  in  order 
to  perform  automatic  enemy  radar  detection,  analysis,  identification  and  very  accurate 
localisation  in  real  time. 

The  critieal  questions  which  need  to  be  answered  are  how  significantly  will  a  wartime 
environment  degrade  the  air  picture,  how  much  will  this  degradation  reduce  the  operational 
effectiveness  of  the  command  and  control  system,  and  what  can  be  done  to  present  what 
limited  information  that  may  be  available  in  order  to  be  exploited  in  a  more  useful  way. 

The  incorporation  of  one  or  more  expert  systems  is  a  key  element  in  this  processing. 
An  expert  system  “learns”  while  it  operates  and  incorporates  this  “knowledge”  in  its  future 
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decisions.  By  building  up  knowledge  on  the  environment,  tactics  and  the  air  situation,  it  will 
be  possible  to  improve  the  air  picture  created  by  the  incoming  data. 

The  expert  systems  have  already  found  many  applications  in  the  field  of  information 
processing.  As  an  example  we  could  mention  the  use  of  expert  systems  to  improve  multi¬ 
sensor  tracking  of  air  targets.  Prior  multi-sensor  tracking  methods  suffered  from  intermittent 
tracks,  track  identity  switches  and  false  tracks.  The  use  of  expert  systems  made  possible  to 
improve  the  air  picture  by  “tuning”  the  multi-sensor  tracker  and  resolving  track  ambiguities 

However,  the  technology  is  evolving  rapidly  and  the  expert  systems  or  other  technical 
innovations  will  continue  to  play  an  important  role  on  the  processing  of  the  incoming  data 
during  wartime. 


9.  DISTRIBUTION  INFORMATION  SYSTEMS 

A  distribution  information  system  should  comprise  personnel,  equipment,  facilities 
and  communications  to  provide  authorities  at  all  levels  with  adequate  data  to  plan,  direct,  co¬ 
ordinate  and  control  conventional  air  operations. 

The  whole  process  of  distribution  of  information  consists  of  data  processing 
equipment,  support  and  application  software  and  digital  communications  equipment. 

Tactical  air  operations  comprise  both  offensive  and  defensive  operations, 
complemented  by  supporting  air  operations.  Each  operation  has  an  impact  on  the  other. 
Because  of  their  inter-relationship,  they  cannot  considered  in  isolation,  but  should  always  be 
viewed  as  a  synergistic  whole. 

An  efficient  system  should  support  the  operations  conducted  in  times  of  peace,  tension 
and  war. 

In  peace,  the  available  information  supports  routine  training  operations,  exercises  and 
air  policing. 

Times  of  tension  are  characterised  by  a  change  in  procedures  and  a  gradual  build  up  of 
the  flow  of  information.  In  these  circumstances,  military  activities  are  likely  to  be  controlled 
from  relatively  high  command  levels  which  will  require  timely  and  more  detailed  information 
to  a  far  greater  degree  than  in  peacetime.  Furthermore,  extended  coverage  and  airspace 
surveillance  will  be  required  into  areas  of  increased  interest. 

During  war  state,  heavy  demands  will  be  made  on  the  information  systems.  These 
systems  will  be  attacked  both  physically  and  electronically  by  the  enemy.  Rapid  changes  in 
situation  requiring  more  dynamic  reaction,  increased  co-ordination  at  all  levels,  and  a  multiple 
increase  in  information  flow  at  the  cost  of  decreasing  detail  as  the  conflict  intensifies,  are  the 
main  priorities  in  wartime. 
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The  command  and  control  activities  performed  during  wartime  are  grouped  into  six 
operational  functions.  These  functions  which  should  be  supported  by  a  distribution 
information  system  and  for  which  the  information  exchange  is  crucial,  are. 

1.  Fr>rr.p  Management:  This  includes  the  planning  and  tasking  of  air  missions 
and  the  weapon  or  mission  preparation  activities  which  occur  at  the  wing  or  unit  level  to 
prepare  the  weapon  system  for  launch. 

2.  rommand  and  r,r>ntrol  Resource  Management:  It  includes  those  activities 
associated  with  the  employment  and  use  of  command  control  resources  and  the  provision  of 
logistics  to  support  planned  air  operations. 

3  Airspace  Management:  The  goals  here  are  to  ensure  maximum  freedom  for 
own  forces  in  the  use  of  airspace  and,  at  the  same  time,  to  reduce  the  risk  of  fratricide. 

4.  Surveillance:  It  provides  the  users  with  detailed  Air,  Land  and  Sea  pictures. 

5  Air  Mission  Control:  It  comprises  those  activities  that  control  and  support 
manned  and  unmanned  tactical  air  missions  to  achieve  their  objectives.  Its  goal  is  to  enable  all 
air  missions  to  be  ordered,  controlled,  supported,  co-ordinated,  monitored  and  directed 
without  delay. 


6.  Air  Traffic  Control:  It  consists  of  different  services  with  the  aim  to  prevent 
collisions  between  aircraft  and  other  aircraft  or  obstructions,  to  provide  advice  and  info  on  the 
safe  and  efficient  conduct  of  flights  and  to  notify  agencies  about  aircraft  in  need  of  Search  and 
Resque,  assisting  them  as  required. 


10.  FUTURE  TRENDS  FOR  ELECTRONIC  TRANSFER  OF 
INFORMATION 

The  emergence  of  new  data  storage  and  transfer  media  is  having  a  growing  effect  on 
the  electronic  information  industry.  Today,  the  mass  storage  possibilities  of  new  technologies, 
combined  with  the  rapid  advances  in  personal  computers  and  telecommunication  networks, 
have  a  great  impact  on  the  flow  of  information  for  military  reasons. 

Telecommunications  is  the  life  support  system  for  the  electronic  transfer  of 
information.  While  telecommunications  did  not  always  grow  at  such  a  rapid  rate,  in  near 
future,  the,  long  ago  anticipated,  integration  of  services,  with  the  roles  of  telephone 
companies,  cable  operators  and  power  suppliers  being  overlapped,  is  going  to  change 
completely  the  field. 

Further  noticeable  advances  include  the  database  supply  market  with  continuously 
increasing  number  of  databases,  different  kinds  of  technology  base,  different  kind  of  content, 
origin  and  access  mode. 


The  use  of  optical  storage  media  for  mass  information  storage  and  retrieval,  combined 
with  the  recent  innovation  of  the  re-writable  CD,  has  given  rise  to  a  spate  of  recent  market 
developments. 

Electronic  mail,  is  today  available  on,  virtually,  every  online  or  timesharing  system 
that  reaches  a  searcher.  Its  importance  for  the  elimination  of  the  paper  syndrome  in  every 
public  or  military  service,  is  self-proven.  However,  especially  for  the  latter  ones,  a  matter  of 
security  arises  since  the  usage  of  cryptographic  codes  is  still  under  debate.  It  is  obvious  that 
the  Armed  Forces  should  be  excluded  from  such  a  prohibition. 

Generally  speaking,  there  is  an  increasing  trend  in  military  communications  for  greater 
compatibility  with  civilian  infrastructure  which  reduces  development  costs  and  increases 
equipment  compatibility  between  allies. 

As  an  example  on  this,  we  can  mention  the  mobile  cellular  digital  radio  telephone 
system  which,  apart  from  the  security,  has  the  advantages  of  reliable  and  robust  mobile 
communications.  The  infrastructure  is  relatively  simple  with  the  Base  Stations  connected  to 
the  Mobile  Telecommunications  Switching  Offices,  which,  in  their  turn,  are  connected  to  the 
Public  Switched  Telephone  Network.  Moreover,  the  cellurar  concept  permits  the  partition  of 
the  limited  frequency  spectrum  dedicated  to  the  mobile  communications,  into  frequency  sub¬ 
groups  which,  then,  can  be  re-used  in  symmetric  cells.  This  re-usability  of  the  few  available 
frequencies  permits  the  coverage  of  an  enormous  number  of  users. 

This  flexibility  of  cellular  telephone  communications  systems  makes  them  ideal  for 
military  applications  and  they  have  already  been  used  in  operations  Desert  Shield  and  Just 
Cause  (Panama),  as  well  as,  in  Former  Yugoslavia. 


11.  CONCLUSION 

In  conclusion,  we  can  say  that  the  rapid  advances  in  communication  technology  have 
brought  major  changes  in  all  the  aspects  of  the  modem  battlefield. 

If  today’s  achievements  are  good  examples  of  what  can  happen  in  the  near  future,  then 
the  next  years  will  see  major  developments  in  all  aspects  of  information  systems,  which,  in 
their  turn,  will  have  a  major  impact  on  the  planning  and  execution  of  Future  Air  War. 


CLOSING 

Before  I  finish,  I  would  like  to  express,  for  one  more  time,  my  thanks  to  the  Sensor 
and  Propagation  Panel  of  the  AGARD  which  gave  me  the  chance  to  open  this  Symposium. 


Closing  this  speech,  I  am  at  your  disposal  for  any  questions  you  might  have. 
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Introduction 

Ray  tracing  is  a  powerful  tool  and  is  especially  useful  in 
applications  requiring  a  detailed  knowledge  of  radio  wave 
propagation  through  the  ionosphere.  There  are  a  number  of 
modern  radio  wave  applications  which  make  use  of 
ionospheric  propagation  such  as  over-the-horizon  radar 
systems,  single  station  location  and  HF  direction  finding 
systems.  These  radio  wave  systems  depend  critically  on 
realistic  ionospheric  modelling  and  accurate  ray  tracing 
through  these  ionospheric  models. 

Accurate  ray  tracing  is  normally  carried  out  using  numerical 
techniques.  These  are  very  accurate  but  the  required 
computational  time  is  high.  This  is  exacerbated  in  many 
applications,  when  it  is  necessary  to  trace  a  vast  number  of 
individual  rays.  Thus,  when  dealing  with  near  real-time 
applications,  which  is  increasingly  the  case,  it  is  far  more 
desirable,  if  not  essential,  to  make  use  of  much  faster  analytic 
ray  tracing  techniques. 

As  its  name  suggests  analytic  ray  tracing  uses  explicit 
equations  to  define  the  ionosphere  and  to  determine  ray 
parameters  such  as  ground  range,  reflection  height,  phase 
path,  group  path  and  divergent  power  loss.  Thus,  analytic  ray 
tracing  is  considerably  less  time  consuming  than  numerical 
ray  tracing.  Analytic  ray  tracing  has  some  disadvantages  for 
example  there  are  no  explicit  equations  which  include  the 
effects  on  the  ray  path  due  to  the  earth's  magnetic  field 
(however  a  first  order  correction  has  been  developed  by  Dyson 
and  Bennett  [1991])  and  there  is  the  major  difficulty  of 
including  horizontal  gradients.  Thus,  analytic  ray  tracing  has 
up  until  now  been  limited  to  simple  and  unrealistic 
ionospheric  models. 

Another  important  factor  influencing  the  ability  to  effectively 
describe  HF  propagation  is  an  accurate  and  up-to-date 
representation  of  the  ionosphere.  To  achieve  this  level  of 
ionospheric  specification  requires  an  ionospheric  map  that  can 
be  updated  from  real-time  sounding  networks.  In  practice  such 
networks  may  only  consist  of  a  small  number  of  sounders,  so 
that  a  technique  specifically  designed  for  data  sparse  regions 
needs  to  be  used.  Such  a  technique  has  been  developed  in  the 
field  of  meteorology  by  Cressman  [1959]  and  successfully 
applied  to  the  ionospheric  case  by  Rush  and  Edwards  [1976] 
and  Platt  and  Cannon  [1994]  producing  a  grid  point 
ionospheric  model. 

In  this  paper  a  method  to  approximate  horizontal  gradients 
when  using  analytic  ray  tracing  will  be  presented.  This  method 
involves  automatically  tilting  the  modelled  ionospheric  profile 
by  displacing  the  earth's  centre.  This  method  is  applied  to  a 


grid  point  ionospheric  model  which  consists  of  a  known 
ionospheric  model  coupled  with  real-time  ionospheric 
measurements  at  a  number  of  locations.  Thus,  the  grid  point 
ionospheric  model  is  a  real-time  ionospheric  model  and 
together  with  the  tilting  method,  is  useful  in  a  number  of 
applications.  Analytic  ray  tracing  results  incorporating  the 
tilting  method  and  the  grid  point  ionospheric  model  are 
presented  in  this  paper.  In  order  to  demonstrate  the 
effectiveness  of  this  analytic  approach  the  results  will  also  be 
compared  with  those  obtained  using  the  numerical  ray  tracing 
package  HIRT  (Homing-In  Ray  Tracing)  Norman  et  al., 
[1994]  over  the  same  region. 

Analytic  ray  tracing  model 

A  fully  automatic  analytic  ray  tracing  model  has  been 
developed  which  uses  a  grid  point  ionospheric  model.  This 
grid  point  ionospheric  model  consists  of  a  known  ionospheric 
model,  in  our  case  FAIM  (Fully  Analytic  Ionospheric  Model) 
[Anderson  et  al.,  1989],  which  can  be  coupled  with  real-time 
ionospheric  measurements  from  either  one,  or  a  network  of 
ionospheric  sounders.  Weighting  functions  and  a  linear 
correlation  function  are  applied  to  the  predicted  and  measured 
values  producing  a  smoothed  data  set  at  specific  grid  point 
locations  over  a  defined  coverage  set  [Platt  and  Cannon, 
1994]. 

Thus,  this  grid  point  model  consists  of  a  number  of  grid  points 
in  the  latitudinal  and  longitudinal  directions  and  a  number  of 
layers  of  grid  points  in  the  vertical  direction,  starting  at  the 
base  of  the  ionosphere  right  up  to  the  height  of  the  peak 
electron  density  of  the  ionosphere  at  that  grid  point  location. 

Once  the  grid  point  procedure  constructs  a  reasonable 
representation  of  the  ionosphere,  we  are  in  a  position  to  ray 
trace  through  the  newly  constructed  ionosphere.  In  order  to 
undertake  analytic  ray  tracing  the  approximate  midpoint,  of 
the  propagation  path,  of  each  ray  traced  must  be  found. 
Initially  the  midpoint  is  estimated  by  a  straight  line,  with  the 
same  elevation  as  the  ray  to  be  traced,  from  a  given  transmitter 
to  a  height  of  300  km.  "This  height  is  used  because  it  is  a  good 
first  order  representation  of  the  height  of  reflection. 

The  electron  density  profile  at  this  particular  midpoint  location 
is  then  fitted  with  a  multi-quasi-parabolic  segment,  QPS, 
model  [Chen  et  al.,  1990].  The  major  asset  of  the  QPS  model 
is  that  it  can  be  used  to  obtain  explicit  analytic  equations,  for  a 
number  of  ray  parameters,  for  a  ray  travelling  from  a 
transmitter  up  into  the  QPS  ionosphere  and  back  to  the  earth. 
This  method  starts  at  the  highest  peak  of  the  layer  (i.e.,  foF2) 
and  fits  a  quasi-parabolic  segment  to  the  entire  profile.  If  the 
attempt  fails  within  a  specified  r.m.s  error,  one  point  is 
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discarded  from  the  base  and  the  process  is  repeated.  The 
discarding  of  points  continues  until  a  QPS  has  been  fitted  to 
part  of  the  real  profile.  The  procedure  then  proceeds  to  a  point 
just  inside  the  lower  boundary  of  this  QPS  and  another  QPS  is 
smoothly  attached.  This  continues  until  the  entire  profile  has 
been  fitted. 

Whilst  our  analytic  ray  tracing,  combined  with  the  grid  point 
model,  does  not  yet  include  the  effects  caused  by  the  earth's 
magnetic  field,  it  does  include  an  approximation  to  simple 
horizontal  gradients.  This  is  achieved  by  tilting  the  ionosphere 
with  respect  to  the  earth. 

In  order  to  determine  the  horizontal  gradients  in  the 
ionospheric  map,  analytic  ray  tracing  is  carried  out  using  the 
midpoint  QPS  ionospheric  profile.  From  the  resulting  ray, 
three  points  are  chosen  corresponding  to  the  ray  entry  point 
(PI)  into  the  ionosphere,  the  ray  apogee  (P2)  and  the  ray  exit 
point  (P3).  The  height  of  reflection  is  then  determined  and  the 
corresponding  plasma  frequencies  at  this  reflection  height  at 
the  three  locations  PI,  P2  and  P3  are  determined.  The  lowest 
plasma  frequency  of  these  three  locations  is  found  and  the 
height  at  which  the  other  two  locations  have  this  value  of 
plasma  frequency  are  determined.  For  example,  suppose  at  the 
three  ray  points  the  plasma  frequencies  at  the  reflection  height 
are: 

Location  PI  (ray  entry)  Plasma  Frequency  =  9.0  MHz, 
Ref.  Height=300km 

Location  P2  (ray  apogee)  Plasma  Frequency  =  8.5  MHz, 
Ref  Height=300  km 

Location  P3  (ray  exit)  Plasma  Frequency  =  8.0  MHz, 
Ref  Height=300  km 

Clearly  the  lowest  plasma  frequency  is  at  location  P3.  By 
linear  interpolation  (using  values  of  the  electron  density 
profile  generated  by  the  map)  it  is  found  that  the  heights  at 
which  locations  PI  and  P2  have  the  value  of  8.0  MHz  are  280 
km  and  290  km  respectively.  The  8.0  MHz  curve  passing 
through  280  km,  290  km  and  300  km  is  then  used  to  determine 
the  tilt  of  the  ionosphere  over  the  propagation  path.  This  is 
achieved  using  the  height  and  ground  range  of  each  point  from 
the  transmitter  and  solving  for  the  quadratic  equation  which 
passes  through  the  three  points.  The  angle  of  tilt  is  then 
determined  from  the  difference,  at  the  apogee  of  the  ray  path, 
between  the  normal  of  the  parabolic  surface  and  the  radial 
projection  from  the  earth's  centre. 

It  should  be  noted  that  the  QPS  ionospheric  profile  at  the  ray 
apogee  is  now  used  to  represent  the  ionosphere. 

Once  we  have  worked  out  the  angle  of  tilt,  Tj,  we  are  in  a 
position  to  trace  the  ray.  This  method  is  simple  and  the  results 
that  will  be  shown  in  the  following  section  are  encouraging. 
Figure  1  helps  to  explain  the  tilting  procedure  where  the  curve 
in  Figure  1(a)  represents  the  expected  propagation  path  of  a 
ray  with  an  initial  elevation,  Pq.  when  ionospheric  tilts  are 
ignored.  The  arrow  on  the  diagram  shows  the  actual  tilt  of  the 
ionosphere  at  the  apogee  of  the  trace.  In  order  to  allow  for  the 
tilt  we  keep  that  part  of  the  ray,  from  the  ground  to  the  base  of 
the  ionosphere,  which  is  a  straight  line.  The  next  step  is  to 
rotate  the  earth  and  the  base  of  the  ionosphere,  about  the  ray 
entry  point  to  the  ionosphere,  so  that  they  are  parallel  to  the 
arrow  which  represents  the  angle  of  tilt,  as  shown  in  Figure 
1(b).  Ray  tracing  is  then  carried  out  as  if  no  tilt  were  present 
with  a  new  elevation  of  P  =  po  +  t|. 

The  resultant  ground  range,  GR,  that  we  require  is  given  by 

GR=R1+R2 


where  Rl,  represents  the  ground  range  of  the  ray  in  Figure 
1(a)  from  the  transmitter  to  the  point  where  the  ray  enters  the 
ionosphere.  R2,  represents  the  ground  range  of  the  ray  in 
Figure  1(b)  from  the  point  where  the  ray  enters  the  ionosphere 
to  the  end  of  the  trace  where  the  ray  hits  the  earth's  surface. 

It  should  be  noted  that  Figures  1(a)  and  1(b)  are  a  little 
misleading  in  that  the  earth's  surface  and  base  of  the 
ionosphere  are  represented  by  straight  lines.  The  analytic  ray 
tracing  package  does  in  fact  take  into  account  the  curvature  of 
the  earth  and  the  ionosphere. 

This  tilting  method  is  simple  and  even  appears  a  little  crude. 
However,  the  results  obtained  from  its  use  are  encouraging. 
The  tilting  method  works  well  over  the  region  we  are 
interested  in  because  the  horizontal  gradients  increase  with 
increasing  altitude  up  to  the  peak  height  of  electron  density. 
The  horizontal  gradients  are  significantly  greater  at  altitudes 
of  300  km  than  at  the  base  height  (approximately  90  km)  of 
the  ionosphere.  However,  if  ray  tracing  in  the  region  of  the 
equatorial  anomaly  or  a  known  ionospheric  trough,  then  a 
tilting  method  which  tilts  the  ionosphere  with  respect  to  the 
earth's  surface  may  produce  better  results. 

Propagation  Results 

The  example  (Figure  2),  shows  a  contour  plot  of  the  plasma 
frequencies  at  a  height  of  300  km.  This  contour  plot  was 
obtained  from  the  grid  point  ionospheric  model,  where  the 
FAIM  model  was  used  to  determine  the  plasma  frequency  at 
each  grid  point  location.  The  FAIM  model  had  the  following 
settings 

F10.7  Value  of  Solar  Flux  =  170, 

Month  =  March, 

Local  Time  =1700. 

The  plasma  frequencies  in  Figure  2  range  from  5.0  to  13.0 
MHz.  The  steady  rate  of  increase  in  electron  density  towards 
the  south  and  the  decrease  towards  the  north  makes  this  a 
good  ionosphere  to  compare  the  analytic  ray  tracing  with 
numerical  ray  tracing. 

In  the  analytic  case  a  43  equally  spaced,  layered,  grid  system 
was  used  starting  at  an  altitude  of  90  km  and  finishing  at  a 
height  of  300  km.  The  FAIM  model  was  used  to  produce  the 
relevant  electron  density  at  each  grid  point  location.  The  grid 
points  start  at  geographic  co-ordinates  28.0°N,  -12.0°E,  with 
26  steps  of  2°  in  latitude  and  longitude.  In  both  the  numerical 
and  analytic  ray  tracing  cases,  ray  tracing  was  performed  with 
elevations  ranging  from  1  ®  to  90®’  in  elevation  steps  of  1®.  All 
azimuth  angles  were  covered  with  a  1®  resolution.  At  each 
grid  point  location  the  profile  was  represented  by  a  QPS 
model  with  around  1 5  segments. 

Figures  3  and  4  show  the  resultant  divergent  power  loss 
footprints  for  numerical  and  analytic  ray  tracing  respectively, 
when  the  operating  frequency  of  the  rays  traced  is  14.0  MHz 
and  when  using  the  ionospheric  model  which  produced  Figure 
2.  The  transmitter  is  placed  at  the  centre  of  the  diagram 
(55®N,  15®E).  Figure  3  represents  the  footprint  obtained  when 
using  numerical  ray  tracing  through  a  continuous  (not  grid 
point)  FAIM  model  and  Figure  4  represents  the  footprint 
obtained  from  the  tilt  compensated  analytic  ray  tracing 
through  the  ionospheric  grid  point  model.  The  centre  white 
section  of  the  plots  represents  a  no  propagation  zone,  the 
boundary  of  which  is  the  skip  distance. 

The  propagation  footprints  given  in  Figures  3  and  4  are 
similar.  The  skip  distance  from  the  transmitter  is 
approximately  the  same  in  both  cases.  The  region  of  the  -130 
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dB  power  loss  is  slightly  larger  in  the  numerical  ray  tracing 
case,  however  closer  inspection  of  the  actual  power  loss 
values  indicates  a  difference  of  less  than  two  dB.  Notice  that 
the  skip  distance  to  the  south  is  closer  to  the  transmitter,  in 
both  figures,  which  is  consistent  with  our  expectations. 

The  error  in  the  analytic  ray  tracing  model,  in  terms  of 
resultant  ground  range,  was  calculated  to  be  approximately 
2.9%.  This  value  was  determined  by  comparing  the  resultant 
ground  range  when  using  the  analytic  ray  tracing  model  with 
the  ground  range  calculated  using  numerical  ray  tracing 
through  the  FAIM  model,  for  the  rays  traced  in  Figures  3  and 
4  in  the  north,  south,  east  and  west  directions.  When  the  tilting 
method  was  not  used,  the  percentage  error  in  ground  range 
was  calculated  to  be  4.0%.  Thus  using  the  tilting  method 
increases  the  accuracy  of  the  rays  being  traced. 

The  example  (Figure  5),  shows  the  plasma  frequencies  at  a 
height  of  300  km  when  a  synthesized  terminator  is  added. 
Towards  the  west  of  the  plot  the  plasma  frequency  is  similar 
to  that  shown  in  Figure  2  (i.e.,  using  FAIM).  To  the  east  of  the 
plot  we  have  introduced  a  terminator.  The  terminator  is 
constructed  so  that  the  plasma  frequency  increases  linearly 
starting  at  the  geomagnetic  longitude  106.0°  and  finishing 
with  a  70.0%  increase  at  108.0°.  Any  geomagnetic  longitude 
greater  than  108.0°,  has  been  given  a  70.0%  increase  in 
plasma  frequency.  This  example  was  chosen  to  illustrate  the 
capabilities  of  both  the  mapping  technique  and  the  analytic  ray 
tracing,  by  allowing  for  such  large  horizontal  gradients.  The 
transmitter  is  again  operating  from  the  centre  of  the  plot. 

Figures  6  and  7,  show  the  respective  analytic  and  numerical, 
divergent  power  loss  footprints,  when  ray  tracing  through  the 
ionospheric  model  which  produced  Figure  5.  The  operating 
frequency  is  14.0  MHz.  The  skip  regions  and  power  loss 
values  of  the  two  footprints  are  in  good  agreement.  Note  the 
asymmetry  of  the  footprints,  especially  in  terms  of  the  skip 
which  has  a  greater  range  from  the  transmitter  on  the  eastern 
side  than  on  the  western  side  which  is  consistent  with  the 
contour  plot  in  Figure  5, 

The  example  (Figure  8),  shows  a  contour  plot  of  the  plasma 
frequencies  at  a  height  of  300  km  when  three  artificial 
ionosonde  data  sets  are  placed  at  a  longitude  of  30.0°  east  and 
latitudes  of  31.2°,  55.3°  and  75.2°  north.  This  example  was 
chosen  to  show  that  ionospheric  data  can  be  added  to  the 
mapping  technique.  Figure  9,  shows  the  resultant  divergent 
power  loss  footprint  using  analytic  ray  tracing,  when  ray 
tracing  through  the  ionospheric  model  which  produced  the 
profile  in  Figure  8.  The  operating  frequency  is  14.0  MHz.  The 
Footprint  appears  to  be  consistent  with  the  contour  plot  in 
Figure  8.  At  present  we  have  not  implemented  a  method  to 
incorporate  measured  ionospheric  data  into  the  numerical  ray 
tracing  model.  Thus  we  are  unable  to  compare  Figure  9  with  a 
corresponding  numerical  ray  propagation  footprint. 

Summary 

The  analytic  ray  tracing  model  described  here  is  a  near  real¬ 
time  ionospheric  model  which  includes  an  approximation  to 
the  ionospheric  profile  which  allows  the  inclusion  of 
horizontal  gradients. 

The  results  in  this  paper  are  encouraging,  especially  when  we 
compare  the  propagation  results  when  using  the  analytic  ray 
tracing  model  (i.e..  Figure  4),  with  the  numerical  ray  tracing 
(i.e.,  Figure  5),  which  traces  through  the  synthesized 
ionospheric  profile  produced  using  the  FAIM  model.  The 
percentage  difference  in  the  resultant  ground  range  between 
the  numerical  ray  tracing  and  the  analytic  ray  tracing  model 


described  here  is  only  2.9%.  Even  less  difference  would  be 
observed  using  smaller  steps  in  grid  size  and  using  more  grid 
layers.  This  will  be  investigated  in  a  later  paper. 

The  analytic  ray  tracing  model  produces  a  fast  approximation 
to  the  entire  propagation  footprint.  In  fact  the  analytic  ray 
tracing  technique  described  here  together  with  the  tilting 
method  is  more  than  10  times  faster  than  the  numerical  ray 
tracing  package.  Higher  resolution  regions  of  the  footprint 
will  still  need  to  rely  on,  the  slower,  numerical  ray  tracing 
techniques.  Thus,  it  is  more  than  likely,  in  any  particular 
application,  that  a  propagation  footprint  may  require  a 
combination  of  both  the  analytic  ray  tracing  model  and 
numerical  ray  tracing  techniques. 
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Figure  1  (a)  A  propagated  ray  with  elevation,  Po,  ignoring  the  ionospheric  tilt  represented  by  the  arrow.  j 

! 


Figure  1  (b)  A  propagated  ray  with  elevation,  p.  The  earth  and  the  base  of  the  ionosphere  have  been 
rotated,  about  the  ray  entry  point  to  the  ionosphere,  by  the  angle  of  tilt. 
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Figure  2  A  contour  plot  showing  the  plasma  frequency  at  a  height  of  300  km. 
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Figure  3  Numerical  ray  propagation  footprint  showing  the  divergent  power  loss. 


Figure  5  A  contour  plot  showing  the  plasma  frequency,  with  a  terminator  present  in  the  east,  at  a  height 
of  300  km. 


Propagation  Footprint  (Power 


Figure  6  Analytic  ray  propagation  footprint  showing  the  divergent  power  loss  when  a  terminator  is 
placed  east  of  the  transmitter. 


Figure  7  Numerical  ray  propagation  footprint  showing  the  divergent  power  loss  when  a  terminator  is 
placed  east  of  the  transmitter. 


Figure  8  A  contour  plot  showing  the  plasma  frequency  using  data  from  three  artificial  ionospheric 
sounders  placed  east  of  the  transmitter. 


Figure  9  Analytical  ray  propagation  footprint  showing  the  divergent  power  loss  when  tracing  through  the 
ionospheric  model  which  produced  Figure  8. 
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DISCUSSION 


Discusser’s  name:  H.  J.  Strangeways 

Comment/Question : 

In  the  case  of  large  horizontal  gradients,  numerical  ray-tracing  shows  that  a  horizontal  as  well  as 
vertical  “reflection”  can  occur.  This  can  reduce  the  skip  distance  and  for  a  sufficiently  large 
gradient  even  cause  the  ray  to  be  refracted  backwards  with  respect  to  its  original  propagation 
direction.  I  think  that  your  analytical  model  may  not  be  able  to  reproduce  such  paths. 

Author/Presenter’s  Reply: 

Yes,  I  agree.  The  analytic  model  at  present  would  not  be  able  to  produce  such  paths. 


Discusser’s  name:  R.  E.  McIntosh 

Comment/Question: 

What  computer  equipment  did  you  use  to  perform  these  simulations  and  how  long  did  it  take  to 
simulate  the  results  with  numerical  ray  tracing,  as  opposed  to  the  analytical  ray  tracing? 

Author/Presenter’s  reply: 

A  586  90MHz  computer  was  used  to  produce  the  propagation  footprints.  Ray  tracing  was 
performed  in  both  the  analytic  and  numerical  propagation  footprints  with  1 .0  degree  steps  in 
elevation  and  azimuth.  To  produce  the  analytic  footprint  it  took  approximately  40  minutes  and 
around  6-7  hours  to  produce  the  numerical  propagation  footprint. 


Discussors’s  name:  H.  Soicher 

Comment/Question: 

How  do  you  account  for  varying  gradients,  e.g.  as  those  created  by  traveling  atmospheric 
disturbances  (TID’s),  along  any  one  path? 

Author/Presenter’s  reply: 

At  present  we  have  only  taken  into  account  simple  horizontal  gradients.  We  hope  to  be  able  to 
apply  the  analytical  ray  tracing  model  to  more  complicated  horizontal  gradients  in  the  near  future, 
either  by  considering  the  curvature  of  the  horizontal  gradient  and  then  adjusting  the  curvature  of 
the  model,  or,  using  a  new  technique  where  the  ionospheric  model  along  the  ray  path  is  divided 
up  into  a  number  of  vertical  segments,  where  each  vertical  segment  represents  a  new  QPS 
ionospheric  model. 
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DISCUSSION 


Discusser’s  name:  C.  Goutelard 

Comment/Question: 

Dans  votre  presentation  vous  ne  mentionnez  qu’une  seule  frequence  critique  pour  representer 
I’ionosphere.  Representez-vous  une  seule  couche  (Region  F  de  I’lonosphere)? 

Par  ailleurs,  avez-vous  compare  votre  modele  a  un  calcul  par  ray  tracing  ou  des  profils  reels  ou 
representatifs? 

Translation 


In  your  presentation  you  only  spoke  of  a  single  critical  frequency  to  represent  the  ionosphere.  Do 
you  represent  only  one  layer/Region  F  of  the  ionosphere?  Have  you  compared  your  model  to  a 
ray  tracing  computation  or  to  real  or  representative  profiles? 

Author/Presenter’s  reply: 

I  spoke  of  a  single  operating  frequency,  and  not  a  single  critical  frequency. 

The  ionospheric  model,  described  here,  represents  all  layers.  Analytic  ray  tracing  was  carried  out 
using  a  43  equally  spaced  layered  grid  system  ionospheric  model,  starting  at  a  height  of  90  km 
and  finishing  at  a  height  of  300  km. 

Yes,  I  compared  results  determined  from  the  analytic  ray  tracing  model  with  results  from  the 
Numerical  Homing-In  ray  tracing  package,  HIRT,  coupled  with  the  FAIM  model. 


Discusser’s  name:  L.  Bertel 

Comment/Question: 

Avez-vous,  a  partir  de  votre  logiciel,  compare  des  simulations  de  deviation  azimuthales  de  rayons 
a  des  mesures  issues  de  systemes  de  localisation? 

Translation 

Have  you  compared  simulations  of  ray  azimuth  deviations  to  measurements  obtained  from 
locating  systems  using  your  software? 

Author/Presenter’s  reply: 

No,  I  have  not  as  yet  looked  at  any  azimuth  variations. 
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1.  SUMMARY 

The  performance  of  current  HF  prediction  programmes  at 
high  latitudes  is  often  poor  due  to  a  lack  of  observations  at 
these  latitudes,  but  also  because  of  incomplete  understanding 
of  the  complex  processes  occuring  in  the  ionosphere.  Earlier 
work  have  shown  that  the  prediction  of  signal  strength  and 
propagation  using  lONCAP/ICEPAC  is  too  optimistic  at  high 
latitudes.  This  work  introduces  into  ICEPAC  a  new  model  of 
electron  densities  in  the  high  latitude  D-region  developed  by 
Friedrich  and  Torkar,1983.  The  model  uses  a  statistical 
analysis  to  relate  electron  density  profiles  (60-120  km)  to 
time  of  day  and  measured  riometer  absorption.  We  suggest 
that  ionospheric  loss  on  oblique  incidence  skywave  paths  be 
calculated  in  ICEPAC  by  integrating  through  the  model  using 
the  Appleton-Hartree  equation.  Further  we  implement  mode 
availability  as  an  independent  statistical  factor  to  be 
multiplied  with  the  probability  of  achieving  a  certain  signal- 
to-noise  ratio.  The  new  predictions  are  compared  with  HF- 
measurements  on  a  high-latitude  path  within  Norway.  The 
modifications  have  improved  the  agreement  between  data  and 
predictions,  particularly  for  disturbed  geomagnetic 
conditions.  For  example,  the  observed  diurnal  variation  of 
absorption  is  now  reflected  in  the  predictions. 

2.  INTRODUCTION 

Current  developement  of  HF  communications  include 
Automatic  Radio  Communication  Systems  (ARCS)  and  Real- 
Time  Channel  Evaluation  (RTCE)  that  will  ease  the  work  of 
the  radio  operators.  Knowledge  of  the  ionosphere  and  models 
of  its  behaviour  is  nevertheless  very  important  in  the  design 
of  HF  equipment  and  in  frequency  management.  Efficient  use 
of  the  ionosphere  depends  on  good  models  both  of  the 
ionosphere  and  of  the  propagation  of  radio  waves.  These 
models  are  combined  in  HF  prediction  programmes  such  as 
lONCAP,  CCIR-252,  and  FTZ.  A  large,  reliable  database  of 
observations  exist  at  low  and  middle  latitudes,  and  this 
database  together  with  physical  models  of  the  ionospheric 
layers  have  made  it  possible  to  construct  quite  efficient 
prediction  programmes  at  these  latitudes.  Developing 
adequate  models  has  been  difficult  in  polar  regions  where  the 
medium  is  extremely  variable  in  time  and  space,  and  few 
observations  exist.  Predictions  at  these  latitudes  have  relied 
on  extrapolation  from  lower  latitudes.  ICEPAC  (Ionospheric 
Communications  Enhanced  Profile  Analysis  and  Circuit 
prediction  program)  (1)  is  a  further  develpoment  of  lONCAP 
(lONnospheric  Communications  Analysis  and  Prediction 
program)  (2).  ICEPAC  contains  a  high  latitude  model  that 
includes  the  dependence  of  the  ionosphere  on  magnetic 
activity. 

The  NDRE  (Norwegian  Defence  Research  Establishment)  in 
collaboration  with  the  NUWC  (Naval  Underwater  Warfare 
Center),  Newport,  deployed  in  1987  an  ionospheric  oblique 
incidence  sounder  in  the  northern  part  of  Norway,  in  the 
auroral  zone.  The  alms  of  this  experiment  were  to  obtain  a 


statistical  description  of  the  properties  of  ionospheric 
communication  channels  at  high  latitudes,  and  to  use  these 
results  in  the  evaluation  and  possible  improvement  of 
existing  prediction  programmes.  lONCAP/ICEPAC  was 
chosen  as  the  prediction  program  to  be  evaluated,  and  a 
collaboration  with  ITS  initiated.  This  work  reports  the  results 
from  the  evaluation,  and  suggests  further  improvements  to 
the  high  latitude  model  that  incorporates  features  seen  in  the 
experimental  data. 

The  first  results  from  this  study  (3),  (4)  and  (5)  showed  that 
large  discrepancies  between  data  and  predictions  exist  in  the 
modelling  of  radio  wave  absorption,  and  that  absorption 
should  be  modelled  as  a  function  of  geomagnetic  activity. 
Jodalen  and  Thrane  (5)  incorporated  in  ICEPAC  a  new 
method  for  calculating  ionospheric  absorption  appropriate  for 
high  latitudes  and  the  present  article  describes  an  extension 
of  this  work.  Section  3  describes  the  HF  test  experiment. 
Section  4  give  an  example  of  comparison  between  data  and 
predictions  and  Section  5  describes  current  formulas  and 
methods  used  in  ICEPAC.  In  Section  6,  a  high-latitude  D- 
region  model  is  introduced  as  well  as  a  revision  of  the 
propagation  modelling.  New  comparisons  of  data  and 
modified  predictions  are  made  in  Section  7  and  conclusions 
are  drawn  in  Section  8. 

3.  THE  HF  TEST  EXPERIMENT 
The  first  part  of  the  tests  took  place  within  the  auroral  oval. 
The  transmitter  was  located  at  Andoya  (69.30  N,  16.02  E), 
and  the  receiver  was  in  Alta  (69.90  N,  23.20  E),  a  distance  of 
285  km.  The  tests  were  conducted  between  January  1987  and 
December  1988  on  this  path.  The  HF  test  transmitter  was 
then  moved  to  Klofta  (60.07  N,  1 1 . 1 2  E),  and  data  collected 
on  the  longer  path  (1230  km)  from  January  1990  to  June 
1992.  The  two  paths  are  shown  in  Figure  1.  The  right  part  of 
the  figure  show  two  possible  propagation  modes  on  the  long 
and  short  path,  respectively.  The  observations  were  organized 
in  an  hourly  schedule  and  ran  24  hours  a  day.  A  standard 
message  was  transmitted  every  hour  on  nine  frequencies 
using  five  different  bandwidths  for  each  frequency.  The  Bit 
Error  Rate  (BER),  relative  amplitude  and  time  delay  of  up  to 
five  multipaths,  as  well  as  signal  and  noise  level  were 
recorded  automatically  for  each  transmission.  The  database 
contains  observations  recorded  over  several  years,  but, 
unfortunately,  technical  and  logistic  problems  have  caused 
gaps  in  the  sequence  of  recordings.  Nevertheless,  the 
database  covers  diurnal  and  seasonal  variations  as  well  as 
different  levels  of  geomagnetic  activity  and  sunspot  numbers 
ranging  from  35  to  158. 

The  oblique  incidence  sounder  used  both  conventional  and 
direct  sequence,  spread-spectrum  (DSSS)  radio  techniques. 
The  HF  test  transmitter  and  test  receiver  were  designed  and 
built  at  the  NDRE  to  control  the  timing,  the  scheduling  of 
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Figure  1 .  Location  of  transmitter  and  receiver  for  the  short  and  long  path. 
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different  frequencies  and  bahdwidths,  the  modulation  /de¬ 
modulation  and  coding/decoding  of  the  standard  message.  For 
each  hour  the  message  is  sent  on  nine  different  frequencies; 
3.0,  4.5, 6.0, 8.5, 10.5,  12.5, 14.5, 17.0  and  19.0  MHz,  and 
for  each  frequency,  using  five  different  bandwidths;  0.5  kHz 
(conventional  signaling),  5, 20  80  and  160  kHz  (spread 
spectrum).  The  modulation  method  used  is  differentially 
encoded  PSK  (DPSK),  and  the  signals  are  detected  non- 
coherently.  When  synchronization  is  obtained,  a  counter 
starts,  and  the  minimum  BER  that  can  be  measured  is 
6.7  ■  1  0  •  From  the  bit  error  number  we  derive  reliability 

defined  as  the  number  of  messages  received  with  a  bit  error 
rate  less  than  10  %  for  the  actual  period  of  study.  The  choice 
of  10  %  as  a  limit  for  the  "acceptable"  BER  is  somewhat 
arbitrary,  but  when  comparing  this  reliability  with  predicted 
reliability,  the  same  limit  has  been  used  for  the  predictions  by 
specifying  the  appropriate  required  signal  to  noise  ratio  for 
the  modulation  scheme  in  use.  Reliability  has  been  derived 
from  the  0.5  kHz  "conventional"  messages. 

Transmitter  and  receiver  were  synchronized  to  better  than  1 
US.  To  derive  the  virtual  height  of  reflection  from  these 
measurements,  a  one-  hop  mode  is  assumed  for  both  the  short 
and  the  long  path,  which  is  in  good  agreement  with 
predictions.  Using  the  5  kHz  spread  spectrum  messages,  the 
height  resolution  obtained  is  approximately  30  km.  In  Figure 
2  we  have  only  displayed  the  two  strongest  multipaths.  A 
larger  number  of  modes  were  very  unlikely  to  occur. 

In  this  work  we  compare  virtual  height  of  reflection  and 
reliability  with  predictions.  We  show  only  data  from  the  short 
path,  but  data  from  the  long  path  can  be  found  in  (3)  and  (6). 

4.  COMPARISON  OF  DATA  AND  PREDICTIONS 

We  focus  on  the  influence  of  geomagnetic  activity  on 
propagation,  and  select  two  groups  of  days  with  low 
( j2  <  4  )  and  high  ( Q  >  5  )  geomagnetic  activity.  The 
selected  days  are  not  necessarily  consecutive,  but  they  are  all 
from  the  same  season,  within  a  period  of  two-three  months. 
The  number  of  days  for  each  dataset  is  between  10  and  40. 
Each  dataset  is  compared  with  predictions  for  Q=3  or  Q=6, 
respectively.  The  prediction  is  made  for  the  month  within  the 
period  that  contains  the  largest  number  of  measurements. 


Figure  2  shows  the  measured  (X)  and  predicted  (A)  virtual 
heights  of  reflection  for  March/ April  1988  on  the  short  path. 
The  days  with  low  geomagnetic  activity  (16  days)  are 
displayed  in  the  left  column  and  high  geomagnetic  activity 
(17  days)  in  the  right  column.  Only  the  four  lowest 
frequencies  in  the  measurement  are  shown,  since 
transmission  above  8.5  MHz  on  this  path  only  occur 
sporadically.  The  number  of  points  reflects  the  number  of 
messages  received.  The  median  of  the  data  is  drawn  as  a 
continuous  line.  The  predicted  virtual  height  is  calculated  for 
the  most  reliable  mode.  Note  that  a  virtual  height  is  predicted 
even  for  zero  predicted  reliability. 

From  the  figure  we  can  draw  the  following  conclusions:  As 
expected,  more  messages  have  been  received  for  low  than  for 
high  geomagnetic  activity,  and  the  quiet  periods  show  a  more 
well  defined  regular  diurnal  variation.  The  data  of  the 
disturbed  period  shows  a  wide  spread  of  reflection  height 
during  daytime,  but  fairly  well  defined  auroral  E-layer 
reflections  at  night.  There  are  more  night  time  auroral  E-layer 
reflections  during  the  disturbed  period,  strong  enough  to 
reflect  6.0  MHz.  The  normal  daytime  E-layer  is  only 
observed  at  3.0  MHz.  The  most  prominent  difference 
between  the  predictions  for  Q-3  and  Q-6  is  more  E-layer 
reflections  in  the  hours  after  midnight  for  Q-6.  Compared  to 
the  data,  ICEPAC  performs  reasonably  well  after  midnight 
and  during  daytime.  The  prediction  performance  is  poor  for 
pre-midnight  hours  and  at  f-3.0  MHz. 

Measured  and  predicted  reliability  for  the  same  two  periods 
are  displayed  as  separate  three-dimensional  plots  in  Figures  3 
and  4.  The  reliability  is  plotted  as  a  function  of  hour  of  the 
day  (UT)  and  frequency  (MHz).  A  notable  difference  between 
the  two  plots  of  data,  Q<5  and  Q>4,  is  the  low  reliability 
observed  during  the  disturbed  period  for  the  hours  6-10  UT. 
This  feature  is  observed  in  all  datasets  studied.  This 
minimum  is  most  likely  caused  by  pronounced  absorption  due 
to  precipitating  particles  from  the  magnetosphere.  ICEPAC 
does  not  predict  this  feature,  and  the  predictions  are  in  both 
cases  much  too  optimistic,  both  in  reliability  and  in 
predicting  the  MUF.  The  two  predictions  are  very  similar,  but 
with  a  slightly  enhanced  MUF  during  disturbed  conditions 
around  midnight  and  17  hours. 
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Figure  3.  Reliability  of  data  for  March/ April  1988,  left,  prediction  for  March,  right  (SSN-104).  Andpya-Alta  (285  km). 
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Figure  4.  Reliability  of  data  for  March/ April  1988,  left,  prediction  for  March,  right  (SSN=104).  Andoya-Alta  (285  km). 


Figure  5.  Normalized  correlation  coefficients  between  data  and  unmodified  predictions.  Q-3  continous  line,  Q-6  dashed  line. 


There  are  uncertainties  associated  with  the  estimated 
required  signal  to  noise  ratio  that  we  use  as  input  to  ICEPAC. 
An  increase  of  3  dB  of  this  parameter  corresponds  to  a 
decrease  of  the  predicted  reliability  of  4-5  %.  So  the  absolute 
levels  of  predicted  and  observed  reliability  should  be 
compared  with  caution.  We  therefore  emphasize  a 
comparison  of  the  relative  variations  of  observed  and 
predicted  reliabilities  and  MUFs  rather  than  the  absolute 
levels.  We  have  chosen  to  use  a  normalized  correlation 
coefficient  k(N)  between  data  and  predictions  as  a 
quantitative  measure  of  relative  variation: 


]^(x(«)-Ar)-(y(n)-y) 


k{N)  =  ,  "=■  , 

J^(x(n)-xy  ■JX(y('>)-yf 

V  n=l  V  «=l 


(1) 


|it(A^)|  <  1 .  N  is  the  number  of  points  to  be  correlated,  x(n) 

is  in  our  case  the  observed  reliabilities,  r  their  mean  value, 
y(n)  is  the  predicted  reliabilities  and  y  their  mean  value. 

The  normalization  makes  this  measure  independent  of 
absolute  levels. 


divides  the  ionosphere  into  four  latitudinal  regions:  the  polar 
cap,  the  auroral  zone,  the  sub-auroral  trough  and  low/mid¬ 
latitudes.  It  does  not  contain  any  specific  model  of  the  high 
latitude  D-region  (60-90  km)  where  strong  and  variable 
absorption  of  HF  radio  waves  occurs.  ICEPAC  creates 
complete  electron  density  profiles  in  a  certain  number  of 
controlpoints  along  the  great-circle  path  using  the  ICED- 
model.  The  number  of  control  points  is  dependent  on  the  path 
length,  for  our  particular  example  (<2000  km),  only  one 
control  point  is  used.  Possible  modes  are  found  for  each 
frequency,  and  delay,  losses,  signal  strength  and  reliability 
are  predicted  for  each  mode.  The  most  reliable  mode  is  then 
selected. 

When  the  ICED-model  was  implemented  in  ICEPAC, 
ionospheric  loss  in  the  special  absorption  conditions  found  at 
high  latitudes  was  only  taken  into  account  by  adding  an 
auroral  loss  term  (5-7  dB)  to  the  total  loss.  Without  this  loss 
term  the  formula  (in  dB)  used  in  ICEPAC  is: 

_  6772-n-sec(p  •(-Q04+exji(-2937+Q84K-  0l881x)  (2) 

(/+/X+IQ2 


Figure  5  shows  the  correlation  coefficients  for  the 
March/ April  time  period,  for  each  frequency  across  all  hours 
(N-24)  in  the  right  panel  and  for  each  hour  across  the  four 
lowest  frequencies  (N-4)  in  the  left  panel.  The  correlations 
are  in  general  lower  for  the  disturbed  period. 


In  Table  1  we  have  calculated  the  correlation  coefficient  over 
all  datapoints  (N-96)  for  four  periods  from  different  seasons. 
For  the  period  we  are  considering  (March/ April  1988),  the 
total  correlation  coefficients  for  all  hours  and  the  four  lowest 
frequencies  are  0.71  for  Q-3  and  0.54  for  Q-6. 


k(N)  for  time  period; _ 

September/October/November  1987,  SSN=3£ 

March/April  1988,  SSN=71 _ 

June/July/August  1988,  SSN=109 _ 

October/November  1988,  SSN=125 


Table  1 .  Total  correlation  coefficients  between  data  and 
predictions  for  different  time  periods. 


5.  PREDICTIONS 

Long-term  predictions  of  the  average  state  of  the  ionosphere 
are  actively  used  in  daily  operations  of  communication 
circuits,  in  design  of  equipment  and  in  frequency 
mangement.  Noting  the  large  discrepancies  between 
predictions  and  data  described  in  the  last  section,  we  shall 
here  discuss  the  features  of  ICEPAC  that  lead  to  these 
differences.  The  two  main  contributors  to  the  discrepancies 
are  ionospheric  absorption  and  Above-the-MUF  propagation. 


5.1  Ionospheric  absorption 

The  Ionospheric  Conductivity  and  Electron  Density  (ICED)- 
model  (7)  have  been  included  in  ICEPAC  to  improve 
predictions  at  high  latitudes.  The  ICED-model  specifies  the 
location  of  the  auroral  oval  using  the  effective  Q-index  as  a 
measure  of  the  global  geomagnetic  activity.  A  large  effective 
Q-index  expands  the  auroral  oval  towards  middle  latitudes. 
The  ICED  model  specifies  the  electron  densities  from  90  km 
to  1000  km  altitude  as  a  function  of  solar  activity,  solar 
zenith  angle,  geomagnetic  activity  and  magnetic  local  time.  It 


where  n  is  number  of  hops,  (p  is  angle  of  incidence  of  the 
wave  on  the  ionosphere,  foEis  critical  frequency  of  the  E- 
layer,  %  is  solar  zenith  angle  and  fn  the  gyrofrequency  at  100 
km  altitude.  This  is  a  semi-empirical  equation  derived  for 
middle  latitude  conditions  where  a  dependence  of  the  critical 
frequency  foE  of  the  normal  E-layer  is  included.  It  was 
pointed  out  in  (4)  that  this  dependence  will  result  in 
excessive  absorption  in  those  cases  where  the  ICED-model 
predicts  a  large  auroral  E-layer  (foE  large). 

5.2  Above-the-MUF  propagation 
Above-the-MUF  propagation  has  been  extensively  discussed 
in  the  literature.  The  problem  is  the  following:  Even  if  the 
instantaneous  MUF  (MOF)  has  been  determined  using 
ionosondes,  observations  have  shown  that  as  the  frequency 
increases  from  just  below  to  just  above  the  MUF,  the  signal 
does  not  drop  instantly  to  zero.  The  propagation  mechanism 
at  these  frequencies  is  not  by  ionospheric  refraction,  but 
rather  by  scatter  from  ionospheric  inhomogenities  and  two- 
hop  backscatter  (8).  Other  authors  (9)  claims  that  this  Above- 
the-MUF  propagation  is  not  well  documented. 

Instead  of  modelling  the  scatter  as  a  separate  propagation 
phenomenon,  ICEPAC  and  some  other  prediction 
programmes  have  added  a  loss  term,  Atove-the-MUF  loss 
(ABM),  to  the  total  loss.  This  results  in  large  losses  as  the 
frequency  is  increased  above  the  MUF.  The  probability  of  a 
mode  actually  being  present  is  not  dealt  with  explicitly. 

Using  this  approach,  the  calculated  reliability  expresses  the 
total  time  a  specific  grade  of  service  can  be  expected, 
independently  of  the  available  modes.  An  approach  formerly 
used  is  perhaps  phenomenologically  more  correct.  It 
calculates  the  reliability  as  the  joint  probability  of  the  mode 
availability  and  the  probability  of  the  S/N  exceeding  the 
required  S/N  provided  that  the  mode  exists.  The  two 
approaches  yield  very  different  reliabilities  at  frequencies 
around  the  MUF. 

We  noted  in  the  previous  section  that  ICEPAC  produced  far 
too  optimistic  predictions  at  higher  frequencies.  We 
therefore  choose  to  remove  the  ABM-losses  and  instead 
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implement  the  former  approach.  This  means  that  the 
reliability  is  computed  as  a  product  of  the  mode  availability 
and  the  probability  of  S/N  exceeding  the  required  signal-to- 
noise  ratio. 

6.  FURTHER  DEVELOPMENTS  OF  ICEPAC 
In  addition  to  the  implementation  of  mode  availability 
described  in  the  last  section,  we  would  like  to  suggest  an 
approach  to  calculate  ionospheric  absorption  that  is  more 
consistent  with  the  physical  process  of  absorption  than  the 
current  method.  The  idea  is  to  incorporate  a  model  of  the  D- 
region  in  ICEPAC,  and  can  be  illustrated  by  Figure  6. 


prediction 


Figur  6.  Basic  principles  of  incorporating  a  D-region  model 
in  ICEPAC. 

Geomagnetic  activity  is  often  associated  with  increased  radio 
wave  absorption  in  the  D-region.  The  ICED-model  selects 
electron  density  profiles  Ne(h)  for  the  E  and  F-region 
according  to  the  degree  of  disturbance  expressed  by  the  index 
Q,  but  does  not  include  an  explicit  Q  dependence  of  the 
electron  density  in  the  D-  and  lower  E-region.  Jodalen  and 
Thrane  (5)  introduced  such  a  dependence  in  ICEPAC  by 
adopting  the  model  of  electron  densities  in  the  auroral  D-and 
E-regions  developed  by  Friedrich  and  Torkar  (10).  The 
Friedrich  and  Torkar  statistical  model  relates  the  electron 
density  profile  to  riometer  absorption  and  Jodalen  and  Thrane 
introduced  a  statistical  relation  between  riometer  absorption 
and  Q.  The  D-and  lower  E-region  profiles  are  then  combined 
with  the  ICED-profile  for  the  E  and  F-regions.  Instead  of  the 
semi-empirical  formula  previously  used  for  calculating 
ionospheric  loss  (Equation  2),  we  find  the  absorption  by 
integration  of  the  Appleton  Hartree  equation  along  the 
raypath  in  the  lower  ionosphere. 

Figure  7  shows  the  day  time  F&T-model  as  a  function  of 
riometer  absorption  and  solar  zenith  angle. 

The  electron  densities  found  in  the  high-latitude  ionosphere 
are  produced  both  by  regular  solar  radiation  that  varies 
throughout  the  day,  and  by  irregularly  precipitating  particles 
from  the  magnetosphere.  The  F&T-model  profiles  are 
believed  to  be  representative  for  all  degrees  of  auroral 
disturbances  at  high  latitudes.  Riometer  absorption  between  0 
and  2.5  dB  occurs  more  than  90%  of  the  time  in  the  auroral 
zone,  and  consequently,  Ne  -profiles  for  these  conditions  will 
also  cover  the  situation  for  90%  of  all  cases. 


M.  Friedrich  and  K.  Torkar  have  also  developed  a  similar 
model  of  the  low  latitude  D-region,  and  it  has  been  adopted, 
but  not  yet  published,  as  the  Interim  Model  of  the  D-region  in 
the  IRI  (International  Reference  Ionosphere). 

6.1  Implementation  of  the  D-region  model  in  ICEPAC 
In  this  work  we  have  implemented  the  F&T-model  taking  one 
month  as  an  example.  The  month  of  March  (as  in  Section  3) 
was  chosen.  Since  the  F&T-model  is  driven  by  the  amount  of 
absorption  measured,  Lr,  and  the  ICED-model  is  controlled  by 


ELECTRON  DENSITY,  m'^ 


Figure  7.  The  day  time  statistical  model  of  D-region 
electron  densities 

the  measured  geomagnetic  activity,  Q,  a  relationship  between 
the  two  parameters  had  to  be  found  in  order  to  combine  the 
two  electron  density  profiles.  Q-data  and  Lrdata  for  the 
month  of  March  1988  were  correlated,  and  a  least-square  first 
order  polynomial  fit  was  made  to  the  data.  A  linear 
relationship  was  found  for  each  of  eight  time  intervals  during 
the  day.  The  steepest  linear  relationship  can  be  found  in  the 
morning  (3-1 1  UT).  Now  a  certain  value  of  Q  to  be  given  as 
input  to  ICEPAC,  can  be  associated  with  a  certain  Lr 
(depending  on  time  of  day),  and  L,  will  again  select  the  right 
D-region  electron  density  to  be  combined  with  the  ICED- 
profile.  The  profiles  should  in  principle  be  combined 
smoothly  in  order  to  construct  a  realistic  profile,  but  a 
discontinuity  is  not  important  since  the  collision  frequency, 
and  hence  the  contribution  to  the  ionospheric  absorption,  is 
small  around  120  km. 
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A  computerized  version  of  the  Appleton-Hartree  equation 
expresses  the  ionospheric  non-deviative  absorption  in  dB  on 
an  oblique  incidence  path: 


L,.  =4.6-10-^- 


2  f  N(h)Mft) 


(3) 


where  v  is  the  electron-neutral  collision  frequency,  N  the 
electron  density,  9  is  the  angle  of  incidence  of  the  radio 
wave,  the  factor  2  accounts  for  the  radio  wave  traversing  the 
ionosphere  twice,  hi  is  the  lowest  altitude  (where  N 
approaches  zero)  and  h2  is  the  altitude  of  the  reflection  of  the 
ray.  ICEPAC  predictions  for  the  path  Andoya-Alta  provides 
h2  from  the  predicted  virtual  height  assuming  a  one  hop  path. 

The  D-region  profiles  have  then  been  used  to  calculate 
ionospheric  losses  as  a  function  of  frequency  and  time  as 
shown  in  Figures  8  and  9.  Unmodified  ICEPAC  predictions 
of  ionospheric  loss  are  presented  in  the  right  hand  panels  for 
comparison.  Note  that  the  scaling  of  the  loss  axis  is  different 

Q=0: 


Figure  8.  Ionospheric  absorption  using  the  D-region  electron 
predictions  right. 

Q=6: 


in  the  figures,  but  the  gray  scaling  is  the  same.  The  MUF  for 
this  path  is  never  above  8  MHz,  so  propagation  above  8  MHz 
is  unlikely.  In  the  prediction  plots  we  have  therefore  shown 
frequencies  only  up  to  8.5  MHz. 

For  Q=0,  the  model  calculations  (left)  show  a  smooth  loss 
surface  with  a  maximum  ionospheric  absorption  of  28  dB  at 
1 1  UT  (12  local  time),  and  a  night  absorption  of  12  dB.  The 
statistical  electron  density  profiles  for  each  hour  have  been 
chosen  based  on  a  constant  riometer  absorption  L,-0.  The 
only  varying  parameters  are  the  solar  zenith  angle  for  day 
hours  and  the  virtual  height  of  reflection.  An  increased  height 
of  reflection  reduces  the  angle  of  incidence  and  thereby  the 
absorption.  Because  of  this  obliquity  factor,  an  E-layer  mode 
may  experience  an  additional  loss  of  up  to  15  dB  compared 
to  an  F2-layer  mode.  This  is  the  case  for  the  lowest 
frequencies  around  noon.  The  transition  regions  between 
night  and  daytime  loss,  where  the  loss  is  minimum,  is  due  to 
a  discontinuity  in  the  F&T-model  electron  density  profiles, 
which  has  no  physical  basis. 


density  model  and  Equation  3  left,  unmodified  ICEPAC 


Figure  9.  Ionospheric  absorption  using  the  D-region  electron  density  model  and  Equation  3  left,  unmodified  ICEPAC 
predictions  right. 
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The  unmodified  absorption  predicted  for  Q=0  is  of  the  same 
order  as  our  F&T-model  calculation.  Note  that  the 
unmodified  predictions  includes  a  small  deviative  loss  term 
as  well  as  the  auroral  loss  correction  term.  The  deviative  loss 
is  the  cause  of  the  two  peaks  seen  in  the  unmodified 
predictions  for  Q-0.  The  unmodified  predictions  and  model 
calculations  should  therefore  be  compared  with  some  caution. 

For  Q-6,  the  model  loss  values  are  more  irregular  during 
daytime  hours.  The  reason  is  that  the  Lrvalues  corresponding 
to  Q-6  that  drives  the  choice  of  electron  density  profiles,  vary 
for  the  different  hours.  This  "peaky"  nature  is  probably  not 
realistic.  Note  however  that  the  model  calculations,  in 
contrast  to  the  unmodified  predictions,  now  reflect  an 
important  characteristic  of  high  latitude  radio 
communications:  An  absorption  maximum  in  the  morning  (6- 
8  UT).  The  maximum  absorption  is  70-80  dB,  far  above  the 
maximum  absorption  during  quiet  conditions. 

The  most  characteristic  features  of  the  unmodified 
predictions  for  Q-6  are  the  two  peaks,  one  of  90  dB  at  4  UT 
and  the  other  one  of  30  dB  at  18  UT.  They  are  purely  a  result 
of  an  erroneous  implementation  of  Equation  2  as  pointed  out 
in  (4).  Neglecting  these  two  peaks,  the  absorption  level  for 
Q-6  is  close  to  that  for  Q-0,  much  smaller  than  the  model 
calculations. 

In  the  following,  we  have  substituted  in  ICEPAC  Equation  2 
with  these  model  calculations. 

7.  DISCUSSION:  COMPARISON  OF  DATA  AND 
MODIFIED  PREDICTIONS 

The  purpose  of  our  modifications  to  ICEPAC  is  to  improve 
the  predictions  of  signal  strength  by  incorporating  a  new  loss 
model.  As  a  test  of  our  suggestions  in  the  last  sections,  we 
will  compare  the  modified  predictions  with  our  high-latitude 
data,  using  the  same  methods  of  comparison  as  in  Section  4. 
With  both  the  D-region  model  and  mode  availability 
implemented  in  ICEPAC  as  described  in  Section  6,  predicted 
virtual  height  of  reflection  is  displayed  in  Figure  10.  Again 
the  month  of  March  1988  is  chosen  as  an  example.  Only  the 
median  of  the  data  is  shown  (crosses)  together  with  old 
predictions  (triangles)  and  modified  predictions  (squares). 

The  statistical  D-region  profiles  have  large  plasma  densities, 
particularly  for  disturbed  conditions,  and  have  caused  E- 
region  reflections  for  the  lowest  frequency.  The  data  show 
that  this  is  partly  true,  but  also  that  reflections  from  F2  are 
frequent.  Hie  modified  predictions  have  not  picked  up  the 
pre-midnight  E-layer  reflections  for  Q>4.  The  conclusion  is 
that  the  modifications  to  ICEPAC  have  not  improved 
predictions  of  virtual  height. 

Figures  1 1  and  12  show  the  modified  predictions  of  reliability 
(right)  together  with  the  HF  test  data  (left).  Only  the  four 
lowest  frequencies  are  shown  since  no  data  exist  above  8.5 
MHz.  For  the  higher  frequencies  the  inclusion  of  mode 
availability  has  caused  a  large  change.  For  both  levels  of 
geomagnetic  activity,  the  reliability  has  been  drastically 
reduced.  For  instance,  for  Q-3,  the  reliability  at  8.5  MHz  has 
been  reduced  from  80  %  to  0  %  at  night  and  from  90  %  to 


less  than  30  %  around  noon.  The  effect  of  including  mode 
availability  are  almost  the  same  for  Q-3  and  Q-6. 

The  influence  of  the  F&T-model  is  strongest  for  the  lowest 
frequencies.  It  is  negligible  above  4.5  MHz  for  Q<5  and 
above  6  MHz  for  Q>4.  Because  f^  appears  in  the 
denominators  in  the  equations  for  ionospheric  loss,  this  is  to 
be  expected.  For  Q<5,  the  predicted  reliability  has  been 
reduced  from  90%  to  about  80%  for  f-3.0  MHz,  which  is  still 
far  above  the  measured  reliability  (20-70%).  For  Q>4,  the 
reliability  has  been  reduced  from  about  90%  to  10%  in  the 
morning  hours  and  by  minimum  10  %  during  the  late 
afternoon.  The  predictions  are  still  optimistic,  but  the  marked 
diurnal  variation  now  seen  for  Q>4  is  similar  to  the  observed 
variation.  Because  of  the  uncertainty  of  the  absolute  level  of 
the  predictions,  we  will  again  compare  the  normalized 
correlation  coefficients  between  predictions  and  data,  see 
Figure  13. 

Compared  to  Figure  5  the  correlations  in  Figure  13  for  all 
individual  frequencies  for  Q-3  have  increased  whereas  that  is 
the  case  only  for  the  two  lowest  frequencies  for  Q-6. 
Individual  correlations  for  most  of  the  hours  have  increased 
for  both  levels  of  geomagnetic  activity.  Since  the  ionospheric 
medium  is  much  more  variable  and  difficult  to  predict  during 
disturbances,  one  must  expect  less  correlation  between  data 
and  predictions  than  for  quiet  conditions.  The  correlations 
across  all  frequencies  for  each  hour  are  in  general  larger  than 
the  correlations  across  all  hours  for  each  frequency. 

The  impression  of  a  much  better  agreement  between  data  and 
modified  predictions  is  also  documented  by  an  overall 
correlation  coefficient  for  Q-3  of  0.91  and  for  Q-6  of  0.78. 
This  is  an  increase  of  20  %  for  Q-3  and  24  %  for  Q-6 
compared  with  Table  1. 

Tests  show  that  including  mode  availability  is  the  main 
reason  for  the  improved  correlations  for  Q-3.  This  is  an 
expected  result  since  Equation  2  is  an  empirical  fit  to  low 
latitude  data,  and  does  not  perfom  badly  at  low  latitudes 
(-quiet  conditions).  The  F&T-model  have  little  to  contribute 
in  these  situations,  but  provides  an  alternative  way  of 
calculating  ionospheric  absorption.  For  Q-6,  both  the  F&T- 
model  and  mode  availability  are  contributing  to  the  increased 
correlations  in  Figure  13. 

Based  on  our  data  and  the  comparisons  made  here,  we 
support  those  authors  that  claim  that  the  probability  for  over- 
the-MUF  propagation  is  overestimated.  Including  mode 
availability  as  an  independent  factor  in  the  reliability 
calculations,  has  given  a  much  better  agreement  between  data 
and  predictions. 

One  comment  should  be  made  about  the  method  of 
comparison.  Unfortunately,  our  signal  strength  measurements 
did  not  turn  out  well.  Since  signal  strength  data  was  not 
available,  we  have  been  using  bit  error  rates  as  a  measure  of 
the  signal  to  noise  ratio.  This  measure  includes  in  addition  to 
absorption,  also  fading,  interference  and  white  noise  that  all 
will  degrade  the  measured  BER.  The  predicted  signal  to 
noise  ratio  includes  absorption  and  different  sources  of  noise 
(man-made,  atmospheric,  galactic)  that  together  have  a  white 
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Figure  1 1 .  Reliability  of  data  for  March/ April  1988,  left,  prediction  for  March  with  both  the  F&T-model  and  mode  availability 
included,  right.  Andoya-Alta  (285  km). 
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Figure  12.  Reliability  of  data  for  March/ April  1988,  left,  prediction  for  March  with  both  the  F&T-model  and  mode  availability 
included,  right.  Andoya-Alta  (285  km). 
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noise  distribution.  It  is  therefore  difficult  to  compare  directly 
signal  characteristics  of  the  two  since  the  data  also  contain 
other  sources  of  impairment.  Anyway,  measurements  have 
shown  (11)  that  the  amount  of  interference  in  the  northern 
part  of  Norway  is  very  small,  and  should  therefore  not  be  a 
major  source  of  signal  degradation.  Fading  will  probably  be  a 
problem.  In  spite  of  the  difficulties  encountered  when 
comparing  measured  BER  to  predicted  signal-to-noise 
ratioes,  we  feel  that  our  correlation  analysis  has  to  some 
extent  overcome  these  problems  and  provided  a  meaningful 
comparison  of  data  and  predictions. 

8.  CONCLUSIONS 

By  introducing  a  D-region  model  of  the  high  latitude 
ionosphere  and  also  implementing  mode  availability  as  an 
independent  statistical  parameter  in  ICEPAC,  the  agreement 
between  observations  and  predictions  of  reliability  on  our 
high  latitude  path  has  increased  significantly.  In  particular, 
the  modified  predictions  now  reflect  the  high  latitude  diurnal 
variation  and  the  dependence  of  absorption  on  geomagnetic 
activity.  The  prediction  of  virtual  height  has  not  improved  by 
our  modifications. 

The  users  of  the  HF  spectrum  should  be  aware  of  the  large 
absorption  occuring  at  high  latitudes  at  certain  times  of  day, 
and  possibly  lessen  its  effect  by  relaying  their  signals  via  HF 
stations  outside  the  auroral  oval. 

9.  REFERENCES 

1 .  Stewart  F.,  G.  Hand,  Institute  of  Telecommunications 
Sciences,  Boulder,  Colorado,  USA  -private 
communication  1991-1994. 

2.  Teters  L.R.,  J.L.  Lloyd,  G.W.  Haydon,  D.L.  Lucas, 
"Estimating  the  performance  of  telecommunication 
systems  using  the  ionospheric  transmission  channel", 
NTIA  Rep.,  83-127,  National  Telecommunications  and 
Information  Administration,  Boulder,  Colorado,  1983. 

3.  Jodalen  V.,  E.V.  Thrane,  I.  Koltveit,  T.  Helium, 
'Ionospheric  HF  radio  propagation  at  high  latitudes 
using  conventional  and  spread  spectrum  modulation", 
FFI/Rap.  91/7003,  Forsvarets  forskningsinstitutt, 
Kjeller,  Norway,  1991. 

4.  Thrane  E.V.,  V.  Jodalen,  F  Stewart,  D  Saleem,  J  Katan 
"Study  of  measured  and  predicted  reliability  of  the 
ionospheric  HF  communication  channel  at  high 
atitudes".  Radio  Science,  29, 5,  September/October 
1994,  pp  1293-1309. 

5.  Jodalen  V.,  E.V.  Thrane,  "A  study  of  the  relation 
between  ionospheric  absorption  and  predicted  HF 
propagation  parameters  at  high  latitudes",  lEE 
Conference  Publication,  392,  Sixth  Int.  Conf.  HF 
Radio  Systems  and  Techniques,  York,  1994. 

6.  Jodalen  V.,  PhD  under  preparation  (1995). 

7.  Tascione  T.F.,  H.W.  Kroehl,  R.  Creiger,  J.W.  Freeman 
Jr.,  R.A.  Wolf,  R.W.  Spiro,  R.V.  Hilmer,  J.W.  Shade, 
B.A.  Hausman,  "New  ionospheric  and  magnetospheric 
specification  models",  Radio  Science,  23,  1988,  pp 
211-222. 


8.  Hagn  G.,  A.J.  Gibson,  P.A.  Bradley,  "Propagation  on 
frequencies  above  the  basic  maximum  usable 
frequency".  Proceedings  of  the  Ionospheric  Effects 
Symposium,  IES-93,  Washington,  USA,  1993. 

9.  Argo  P.,  "Reliability  Calculations  and  Above-the-MUF 
propagation".  Proceedings  of  the  Ionospheric  Effects 
Symposium,  IES-93,  Washington,  USA,  1993. 

10.  Friedrich  M.,  K.M.  Torkar,  'Typical  behaviour  of  the 
high  latitude  lower  ionosphere",  Adv.  Space  Res.  16, 1, 
1995,  pp  73-81. 

1 1 .  Clutterbuck  C.,  Defence  Resarch  Agency,  Malvern, 
UK,  -private  communication,  1995. 


3-12 


DISCUSSION 


Discusser’s  name:  G.  S,  Brown 

Comment/Question: 

Have  you  thought  about  painting  the  roadway  to  reduce  the  contrast  between  it  and  the  netting? 

It  is  the  contrast  that  the  operators  seem  to  be  keying  on. 

Author/Presenter’s  reply: 

You  are  right,  the  good  driving  performance  of  the  test  persons  is  caused  by  the  contrast  between 
net  and  roadway,  especially  for  the  lowest  picture  quality.  In  answer  to  your  question  relating  to 
the  painting  of  the  roadway,  we  will  not  go  in  that  direction  in  the  future.  In  addition,  we  think  that 
the  light  endless  course  is  quite  easy  to  drive.  Our  attempts  are  first  to  go  with  the  vehicle  in  the 
field  and  secondly  to  drive  a  simulated  vehicle  in  a  simulated  world.  The  goal  will  be  to  get 
familiar  with  the  new  picture  compression  techniques  on  the  base  of  motion  -  JPEG  in  real  time, 
and  the  related  theory. 


Discusser’s  name:  P.  S.  Cannon 

Comment/Question: 

Absorption  is  more  of  a  problem  to  European  auroral  ionosondes  than  it  is  to  North  American 
auroral  ionosondes.  This  may,  therefore,  indicate  that  absorption  will  be  more  of  a  problem  on 
oblique  European  paths.  Your  model  seems  to  provide  a  substantial  improvement  in  Europe. 
Given  the  possible  difference  between  Europe  and  North  America  do  you  have  any  plans  to  test 
your  new  model  in  North  America  (or  any  other  location)? 

Author/Presenter’s  reply: 

I  was  not  aware  of  the  difference  between  ionospheric  absorption  in  Europe  and  in  North 
America.  Assuming  that  the  spectrum  of  precipitating  particles  is  the  same  in  North  America  and 
in  Europe,  the  electron  density  profiles  will  be  the  same,  and  the  model  can  be  applied 
independent  of  longitude.  The  statistics  of  riometer  absorption  in  North  America  will  cause  the 
model  to  calculate  less  absorption  than  on  European  paths.  It  could  certainly  be  an  interesting 
exercise  to  compare  the  model  with  a  North  American  data  base. 


Discusser’s  name:  N.  Farsaris 

Comment/Question: 

What  about  the  M(3000)  propagation  factor  (or  any  other  factor  considered)  in  high  latiitudes? 

Author/Presenter’s  reply: 

The  M(3000)  factor  has  not  been  studied  here.  We  assume  that  the  high  latitude  M(3000)  factor 
has  been  properly  modelled  in  the  ICED-model  which  is  a  part  of  the  ICEPAC  prediction  program. 
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ABSTRACT 

Reliable  communications  among  mobile  as  well  as  fixed  HF 
skywave  nodes  along  short,  medium  and  long-range  paths 
require  propagation  assessment.  Such  assessment  could  be 
facilitated  with  the  monitoring  of  ionospheric  characteristics  by 
continuously  available  passive  means  i.e,,  measurement  of  the 
total  electron  content  (TEC)  using  satellite-emitted  signals  with¬ 
out  a  need  for  burdening  the  electromagnetic  spectrum.  With  the 
availability  of  the  ubiquitous  Global  Positioning  System  (GPS) 
to  provide  instantaneous  time-delay,  or  equivalently  TEC,  values 
when  needed,  an  assessment  of  HF  propagation  conditions  may 
be  available  on  a  near-real-time  basis. 

Both  TEC  and  the  peak  electron  density  of  the  ionosphere, 
which  determines  the  ordinary  upper  frequency  limit  (foE2)  for 
HF  skywave  vertical  propagation,  vary  strongly  with  solar  and 
geomagnetic  parameters.  Their  ratio,  the  equivalent  slab  thick¬ 
ness,  may  vary  to  a  much  lesser  degree  and  as  such  may  be  mod¬ 
eled  with  greater  accuracy.  A  slab  thickness  model  combined 
with  real-time  TEC  measurement  anywhere  on  the  globe  may 
thus  yield  an  improved  HF  parameter  prediction  algorithm. 

To  test  the  efficacy  of  the  hypothesis,  one  has  to  ascertain  the 
correlation  between  the  TEC  daily  variability  about  the  monthly 
mean  and  the  foF2  variability.  To  determine  such  correlation  a 
study  was  conducted  using  Faraday  TEC  data  as  well  as  GPS 
generated  TEC  data  collected  in  Israel  and  comparing  it  to  foF2 
measurerrients  near  the  appropriate  subionospheric  location  in 
Cyprus.  The  analysis  shows  that  for  large  percentages  of  the 
time  very  good  correlation  exists  between  TEC  and  foF2  short¬ 
term  variations.  The  correlation  coefficient  varies  between  0.7 
or  better  during  winter  and  summer  months  to  about  0.5  -  0.6 
during  equinox  months.  A  study  of  the  diurnal  dependence  of 
the  correlation  indicates  that  a  better  correlation  exists  during 
daytime  than  nighttime.  There  was  no  indication  that  the  coef¬ 
ficient  is  dependent  on  geomagnetic  activity  during  the  period  of 
this  study. 

INTRODUCTION 

HF  radio  communication  depends  on  the  ability  of  the  iono¬ 
sphere  to  return  the  radio  signal  incident  on  it  back  to  earth. 
Prediction  of  ionization  levels  in  the  various  ionospheric  regions 
are  derived  from  models  and  are  used  as  a  basis  for  planning  and 
frequency  management  of  HF  radio  systems  worldwide.  The 
models  permit  the  calculation  of  system  parameters  such  as 
operating  frequencies,  signal  strengths,  signal-to-noise  ratios 


and  multipath  probability  that  can  be  used  to  describe  the  per¬ 
formance  of  HF  radio  systems.  Uncertainties  or  inaccuracies  in 
the  models  of  the  ionosphere  have  long  been  known  to  be  one  of 
the  major,  if  not  the  major,  cause  for  inaccuracies  in  the  calcu¬ 
lated  propagation  characteristics.  This  is  particularly  true  for 
those  applications  of  ionospheric  predictions  involving  time 
scales  that  are  less  than  the  monthly  average  or  monthly  median. 

To  reduce  average  monthly  RMS  errors  in  predictions,  adaptive 
techniques  that  use  real-time  observations  to  correct  model  bias¬ 
es  have  been  devised.  Examples  of  such  are  sounding  the 
desired  communication  path  prior  to  information  transmittal  or 
sounding  the  vertical  local  ionosphere  to  determine  a  real-time 
model  reference  point  and  then  to  adjust  the  model  for  the  future 
until  the  next  reference  sounding.  While  the  first  is  appropriate 
for  fixed  point  communication  paths  it  is  cumbersome  and  caus¬ 
es  EM  interference  over  wide  geographic  areas,  whereas  the  sec¬ 
ond  technique,  while  not  causing  interference,  may  not  yield 
values  representative  of  ionospheric  conditions  at  the  reflection 
point  of  an  oblique  path. 

A  method  that  is  potentially  globrd  in  nature  involves  the  moni¬ 
toring  of  satellite-emitted  signals  which  yields  information  on 
the  ionospheric  parameters  along  the  propagation  path  and  con¬ 
verting  such  information  into  the  HF  propagation  parameters  of 
interest.  The  advantage  of  monitoring  satellite-emitted  signals  is 
the  fact  that  it  is  passive  for  the  potential  user,  and  the  existence 
of  a  global  network  of  satellites  (e.g.  GPS)  affords  the  possibil¬ 
ity  of  global  coverage.  The  problem  at  hand  is  the  conversion  of 
integrated  ionospheric  parameters  along  the  transionospheric 
path  experienced  by  the  satellite-emitted  signal  to  the  parame¬ 
ters  along  the  path  experienced  by  the  HF  skywave  up  to  the 
point  of  reflection  from  the  ionospheric  layers.  A  parameter  of 
great  importance  in  HF  propagation  is  foF2,  the  upper  frequen¬ 
cy  limit  for  HF  vertical  propagation,  whose  square  is  propor¬ 
tional  to  Nmax,  the  maximum  electron  density  in  the  ionosphere. 
The  transionospheric  parameter  of  importance  is  the  TEC  which 
is  the  integrated  electron  density  along  the  propagation  path  of  a 
satellite-emitted  signal  to  the  observer  (TEC  =  Nds  where  N 
is  the  electron  density  and  ds  is  an  element  of  distance  along  the 
path  from  observer  (o)  to  satellite(S)).  Since  both  TEC  and 
vary  diumally,  seasonally,  geographically  and  in  response  to 
magnetic  activity,  it  is  expected  that  their  ratio  -  the  so  called 
slab  thickness,  Y(ref.  1)  -  will  vary  to  a  lesser  degree  and  hence 
can  be  modeled  more  easily.  Global  models  of  slab  thickness 
updated  with  real-  time  measurements  of  TEC  (e.g.,  by  using  the 
GPS  network)  might  thus  yield  improved  values  of  N^^a^  and 
hence  foF2  for  HF  propagation. 


Paper  presented  at  the  AGARD  SPP  Symposium  on  “Digital  Communications  Systems:  Propagation  Ejfects, 
Technical  Solutions,  Systems  Design”,  held  in  Athens,  Greece,  18-21  September  1995  and  published  in  CP-574. 
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THE  DATA 

To  assess  the  day-to-day  variability  of  slab  thickness,  it  is  of 
great  interest  to  ascertain  whether  good  correlation  exists 
between  TEC  daily  variability  about  the  monthly  mean  and  foF2 
variability.  To  determine  such  correlation,  a  pilot  study  was  con¬ 
ducted  using  several  months  of  TEC  data  taken  in  Haifa,  Israel 
during  1980,  1981  (ref.  2),  as  well  as  GPS  time-delay  measure¬ 
ment  taken  during  the  summers  of  1992,  1994  in  Jerusalem, 
Israel.  The  corresponding  foF2  measurements  were  from  Cape 
Zevgari,  Cyprus.  The  TEC  was  determined  from  Faraday  rota¬ 
tion  observations  using  the  signal  of  the  Sirio  satellite.  The  geo¬ 
graphic  subionospheric  point  corresponding  to  a  mean  iono¬ 
spheric  height  of  350km  is  30.3°N  and  28.9°E,  The  geographic 
coordinates  of  Cape  Zevgari  are  34.6°N  and  32.9“E.  The  mea¬ 
surements  are  thus  separated  by  4.3°  in  latitude  and  4°  in  longi¬ 
tude.  The  GPS  observations  were  taken  at  the  National  Physical 
Laboratory  in  Jerusalem  using  a  Ionospheric  Measurement 
System  developed  at  the  National  Institute  of  Standards  and 
Technology  (NIST)  at  Boulder,  Colorado  for  accurate  time 
transfer.  This  system  provides  15-minute  averages  of  time-delay 
data  to  all  GPS  satellites  above  the  horizon.  The  equivalent  TEC 
from  the  time-delay  measurements  was  determined  only  for 
satellites  at  elevations  larger  than  30°  and  having  a  subionos¬ 
pheric  point  along  the  line  of  sight  within  5°  of  the  latitude  and 
longitude  of  the  ionosonde.  The  observed  time  delays  were  then 
corrected  for  satellite  biases  using  the  JPL  table  of  corrections 
(ref.  3),  converted  into  vertical  TEC  (ref.  4)  and  averaged  to 
obtain  hourly  values. 


EXPERIMENTAL  RESULTS 

Figure  1  shows  the  hourly  values  of  the  variability  of  foF2  and 
TEC  for  the  period  2-31  July  1981.  That  period  is  near  the 
maximum  of  solar  cycle  21  (monthly  mean  sunspot  number 
155).  The  variability  is  determined  by  subtracting  the  monthly 
average  value  from  each  hourly  value  and  dividing  by  the 
monthly  average  value.  The  results  of  cross  correlation  analysis 
on  the  foF2  and  TEC  depicted  in  Figure  1  are  shown  in  Figure  2. 
A  maximum  cross  correlation  coefficient  of  0.73  occurs  at  zero 
time  lag  while  the  correlation  reduces  very  quickly  with  time 
lag.  It  is  thus  shown  that  the  correlation  between  foF2  and  TEC 
is  very  good.  Autocorrelation  results  for  both  foF2  and  TEC  for 
the  same  time  period  (Figure  3)  shows  that  the  autocorrelation  is 
similar  in  character  to  the  cross  correlation  function  and  drops  to 
0.5  after  a  time  lag  of  3  -  4  hours.  This  is  consistent  with  results 
obtained  elsewhere  indicating  that  short-term  predictions  based 
on  real-time  observations  can  only  be  useful  for  a  few  hours. 
Figure  4  shows  the  hourly  values  of  the  variability  of  foF2  and 
TEC  for  the  period  2-31  July  1992.  That  period  is  near  the 
maximum  of  solar  cycle  22  (monthly  mean  sunspot  number  91). 
The  results  of  cross  correlation  analysis  on  the  foF2  and  TEC 
depicted  in  Figure  4  are  shown  in  Figure  5.  A  maximum  cross¬ 
correlation  coefficient  of  0.778  occurs  at  zero  time  lag  while  the 
correlation  reduces  very  quickly  with  time  lag.  Again  the  corre¬ 
lation  between  fpFj  and  TEC  is  very  good.  Auto-correlation 
results  for  both  foF2  and  TEC  for  the  same  time  period  (Figure 
6)  shows  that  the  auto-correlation  is  similar  in  character  to  the 
cross  correlation  function  and  drops  to  0.5  after  a  time  lag  of  3  - 
4  hours. 


2-31  July  1981 

C=0.730 


FIGURE  1 


CORRELATION  CORRELATION 


5-3 


FIGURE  5 


FIGURE  6 


The  rapid  fluctuations  of  the  variability  (as  compared  to  the 
1981  data)  are  probably  due  to  data  noise  which  depends  on  the 
motion  and  choice  of  a  particular  GPS  satellite  for  the  analysis, 
rather  than  due  to  actual  physical  phenomena.  The  results  of 
smoothing  the  variations  in  TEC  and  foF2  by  a  3-hour  running 
mean  is  shown  in  Figure  7.  It  can  be  seen  that  the  correlation  is 
remarkably  improved  (correlation  coefficient  of  0.835).  This 
shows  that,  indeed,  the  data  are  noisy  and  that  the  correlation 
between  TEC  and  foF2  is  actually  better  than  what  the  raw  data 


indicate. 

The  variabilities  of  the  equivalent  slab  thickness  T  (^TEC/N^ax) 
for  the  above  two  time  periods  are  shown  in  Figures  8,  9  respec¬ 
tively.  It  is  seen  that  the  slab  thickness  variabilities  are  of  the 
order  of  the  variabilities  of  its  constituent  parameters  variabili¬ 
ties.  This  is  most  likely  due  to  the  separation,  and  its  change,  of 
the  satellite  subionospheric  point  with  respect  to  the  probing 
sounder. 
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The  seasonal  dependence  of  the  correlation  coefficient  between 
the  variability  in  TEC  and  foF2  is  shown  in  Table  1.  It  can  be 
seen  that  the  correlation  coefficient  is  better  than  0.7  in  winter 
and  summer.  However,  during  equinox,  especially  in  April  and 
May  1980,  the  correlation  drops  to  about  0.5.  The  reason  for  the 
low  correlation  is  the  large  post  sunset  enhancements  in  TEC 
which  were  not  seen  in  foF2.  These  post  sunset  enhancements, 
observed  mainly  in  equinox  months,  are  attributed  to  electron 
fluxes  arriving  from  the  equatorial  regions  along  the  magnetic 
lines  of  force.  They  are  latitude-dependent  (ref.  5)  and  did  not 
affect  the  foF2  observations. 


SEASON 

MONTH 

SSN 

R 

Winter 

Jan  80 

163.9 

0.74 

Feb  80 

162.6 

0.73 

Mar  80 

160.9 

0.66 

Equinox 

Apr  80 

158.7 

0.50 

May  80 

156.3 

0,47 

Jun  92 

97.1 

0.67 

Jun  94 

32.0 

0.65 

Summer 

Jul  81 

140.3 

0.73 

Jul  92 

90.7 

0.78 

Aug  92 

84.0 

0.67 

TABLE  1 


The  diurnal  dependence  of  the  correlation  in  1980  -  81  is  shown 
in  Table  2.  It  can  be  seen  that  higher  correlation  occurs  during 
daytime  than  nighttime.  Between  10  -  18  hours  local  time,  the 
correlation  coefficient  is  about  0.7 ;  while  between  22  -  06  hours 
local  time,  the  correlation  drops  to  between  0.55  -  0.6. 


18-26  January  1980 
Ap<6  C=0.823 


TIME  [hours] 


FIGURE  10 


14-19  February  1980 

Ap<40  C=0.774 


FIGURE  11 


HOURS  LT 

CORRELATION 

COEFFICEINT 

02-06 

0,55 

06-10 

0.63 

10-14 

0.70 

14-18 

0.71 

18-22 

0.60 

22-02 

0.61 

TABLE  2 


The  ionosphere  is  known  to  vary  substantially  with  magnetic 
activity  (ref.  1).  To  ascertain  whether  magnetic  activity  has  any 
impact  on  the  cross  correlation  of  foF2  and  TEC,  two  time  peri¬ 
ods  -  one  quiet  (18  -  26  January  1980)  and  one  active  (14  -  19 
February  1980)  -  were  examined.  The  former  with  index  Ap<6 
is  depicted  in  Figure  10  with  maximum  correlation  coefficient  of 
0.823  and  the  latter  with  index  Ap<40  is  depicted  in  Figure  1 1 
with  maximum  correlation  coefficient  0.774.  Thus  it  appears 
that  magnetic  changes  do  not  have  a  marked  impact  on  the  cor¬ 
relation  of  the  two  ionospheric  parameters. 


The  GPS  generated  time-delay  method  of  calculating  TEC  mea¬ 
sures  the  columnar  integrated  electron  density  from  observer  to 
the  satellite,  i.e.,  the  ionospheric  (to  about  1500  km  attitude) 
contribution  as  well  as  the  protonospheric  (from  ~  1500  km  to 
the  height  of  the  satellite).  The  Faraday  rotation  method,  which 
is  heavily  weighted  near  the  earth,  measures  only  the  ionospher¬ 
ic  contribution.  The  protonospheric  electron  content  varies  diur- 
nally  very  little  and  is  often  assumed  to  be  ~.15  of  the  daytime 
total  electron  content.  The  ratio  of  the  protonospheric  content  to 
the  total  content  at  night  is  quite  large  and  it  often  maximizes  at 
>.5  of  the  total  content  just  prior  to  dawn  (ref  6).  Klobuchar  et 
al  (ref  7)  claim  that  for  geomagnetic  L-shells  greater  than  4,  the 
geomagnetic  lines  are  considered  open  and  consequently  do  not 
contain  any  protonospheric  electrons.  For  L-shells  less  than  4, 
the  protonospheric  electrons  exist  and  must  be  accounted  for.  In 
the  present  case  where  Faraday  data  are  compared  to  GPS -gen¬ 
erated  data,  it  is  important  to  ascertain  the  protonospheric 
impact.  While  the  GPS  data  has  not  been  separated  for  L-shell 
distribution,  a  comparison  of  the  correlations  for  the  Faraday 
and  the  GPS-generated  TEC  data  was  done  (Figure  12).  At 
night  the  correlation  for  the  GPS-generated  TEC  vs  foF2  was 
slightly  higher  than  that  of  the  Faraday  TEC,  but  at  dawn  -  when 
the  maximum  impact  of  the  protonospheric  content  occurs  -  the 
correlations  are  similar.  Thus,  it  appears  that  the  protonospher¬ 
ic  content  has  little  influence  on  the  variabilities  of  TEC  and  foF2 
-  at  least  during  solar  maximum,  when  the  ionospheric  contri¬ 
bution  is  much  higher  than  the  protonospheric  one. 
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CONCT.USIONS 

The  high  cross-correlation  (>0.7)  coefficient  for  foF2  and  TEC  in 
the  limited  data  presented  in  this  paper  raises  the  possibility  that 
real-time  TEC  measurements  may  be  used  to  update  foF2  value 
determinations.  The  cross-correlation  may  even  be  higher  if  the 
geographic  subionospheric  point  of  the  TEC  measurement  is 
closer  to  the  geographic  point  of  the  foF2  measurement,  which 
introduces  an  error,  in  addition  to  the  possible  inherent  mea¬ 
surement  uncertainties.  TEC  measurements  utilizing  satellite 
emitted  signals  are  passive  in  nature  and  do  not  burden  the  elec¬ 
tromagnetic  spectrum.  In  addition,  the  availability  of  the  global 
GPS  constellation  to  provide  instantaneous  time-delay,  or  equiv¬ 
alently  TEC,  values  could  provide  an  instantaneous  updating  of 
foF2  models  on  a  global  basis  as  well  as  on  a  regional  basis. 
Such  capability  is  important  for  HF  communication  along  short, 
medium  and  long  range  paths. 
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FIGURE  CAPTIONS 

1 .  Hourly  values  of  the  variability  of  foF2  (at  Cyprus)  and 
TEC  (at  Israel)  for  the  time  period  2-31  July  1981. 

2.  Cross-correlation  function  for  the  foF2  and  TEC  values  of 
Figure  1. 

3.  Auto-correlation  functions  for  the  foF2  and  TEC  values 
of  Figure  1. 

4.  Hourly  values  of  the  variability  of  foF2  (at  Cyprus)  and 
TEC  (at  Israel)  for  the  time  period  2-31  July  1992. 

5.  Cross-correlation  function  for  the  foF2  and  TEC  values  of 
Figure  4. 

6.  Auto-correlation  functions  for  the  f()F2  and  TEC  values  of 
Figure  4. 

7.  Three  hour  smoothing  of  the  values  of  Figure  4. 

8.  Hourly  values  of  the  variability  of  T  for  the  period  2-31 

July  1981. 

9.  Hourly  values  of  he  variability  of  T  for  the  period  2-31 
July  1992. 

10.  The  variability  (in  percent )  of  foF2  and  TEC  for  the  geo- 
magnetically  quiet  period  of  18  -  26  January  1980. 

11.  The  variability  (in  percent)  of  foF2  and  TEC  for  the  geo 
magnetically  active  period  of  14  -  19  February  1980. 

12.  Diurnal  variation  of  the  correlation  for  the  foF2  and  TEC 
values  for  two  periods  -  1980-81  (only  Faraday  Data)  and 
1992  (GPS  Data).  [Each  point  represents  correlation 
results  for  a  four-hour  period.'] 
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DISCUSSION 

Discussor’s  name:  C.  Goutelard 

Comment/Question: 

Votre  methode  est  interessante,  notamment  parce  qu’elle  ne  depend  pas  des  emissions 
d’utilisateurs. 

Avez-vous  en  projet  d’etendre  vos  etudes  auz  zones  polaires  et  aurorales  et  aux  zones 
equatoriales? 

Translation 

Yours  is  an  interesting  method,  in  particular  since  it  does  not  depend  on  user  transmissions. 
Do  you  intend  to  study  the  auroral,  polar,  equatorial  regions? 


Author/Presenter’s  reply: 

The  experiment  will  be  extended  to  Central  Europe  where  sounder  facilities  are  available  to  us 
(see  Soicher  et  al.  RADIO  SCIENCE,  1995).  Other  researchers/institutions  are  encouraged  to 
carry  out  the  studies  in  the  high  latitude  and  equatorial  regions. 


Discussor’s  name:  P.  Cannon 

Comment/Question : 

The  cross  and  autocorrelation  function  for  Faraday  measurements  of  TEC  variability  show  a 
periodicity  which  appears  to  be  close  to  a  day.  The  GPS  based  measurements  do  not  show  this 
periodicity.  Can  you  explain  this? 

Author/Presenter’s  reply: 

The  Faraday  rotation  TEC/foF2  variability  is  centred  about  0%  variability  for  the  overall  time 
period  considered  (see  Figure  1 ),  whereas  the  GPS-generated  TEC/foF2  variability  is  not,  but 
itself  exhibits  a  periodic  behaviour  (see  Figure  4).  This  may  be  the  cause  for  the  different 
behaviour  of  the  correlation/autocorrelation  curves  in  the  two  cases. 
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DISCUSSION 


Discusser’s  name:  D.  Yavuz 

Comment: 

It  is  also  possible  to  have  a  very  effective  passive  HF  propagation  prediction  system  by 
monitoring  thousands  of  transmissions  that  can  be  located  quite  accurately;  various  broadcast, 
teletype  transmissions  and  AX.25  packet  radio  transmissions.  We  at  STC  find  this  a  very 
effective  tool  for  setting  up  HF  links  quickly.  The  system  can  be  put  together  with  a  database  of 
transmitter  locations  and  frequencies  and  a  scanning  receiver  and  some  simple  software.  One 
could  add  map  displays  and  various  other  niceties  but  we  have  not  yet  included  these. 
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A  Ray-based  Propagation  Tool  for  Digital  Systems 


P.  Charriere  and  K.H.  Craig 

Radio  Communications  Research  Unit 
Rutherford  Appleton  Laboratory 
Chilton,  Didcot,  0X11  OQX 
U.K. 


SUMMARY 


The  paper  describes  the  development  of  a  practical, 
deterministic  ray-based  propagation  tool  for  the 
prediction  of  the  performance  of  wideband  digital 
systems.  Applications  over  a  wide  frequency  range  from 
VHP  to  millimetric  waves  are  considered,  with  emphasis 
on  propagation  in  the  urban  environment. 

The  discussion  covers  the  propagation  mechanisms, 
database  and  computational  issues,  system  applications 
and  model  validation. 

1  INTRODUCTION 

The  increasing  demand  for  digital  services  and  higher 
traffic  capacities  has  resulted  in  a  requirement  for  larger 
bandwidths,  and  a  move  to  higher  frequencies.  The  use 
of  digital  systems  in  an  urban  environment  is 
problematic  due  to  the  multipath  nature  of  the  channel 
caused  by  scatter  from  buildings  and  other  man-made 
and  natural  obstacles. 

In  many  countries,  civil  digital  Personal  Communication 
Systems  (PCS)  have  developed  considerably  in  the  last 
few  years.  This  has  resulted  in  much  effort  being 
expended  on  developing  models  for  service  area  and 
interference  prediction  (particularly  important  as  the 
density  of  systems  increases).  These  PCS  use 
frequencies  in  the  UHF  range  (for  the  mobile  system) 
and  in  the  millimetric  range  (for  the  high  capacity 
backbone  connections). 

Statistical  methods  are  of  limited  value  at  millimetric 
frequencies  since  the  siting  of  individual  buildings  or 
hilly  terrain  can  produce  strong  shielding  or  provide  a 
source  of  high  reflected  field  levels  which  could  affect 
the  communication  channel.  In  such  conditions,  a 
propagation  tool  needs  to  be  deterministic,  based  on 
detailed  information  concerning  the  terrain  and/or 
building  databases. 

The  propagation  mechanisms  of  interest  in  the  urban  or 
cluttered  rural  environment  are: 

•  scatter  (specular  and  non-specular); 

•  diffraction  (at  low  frequencies); 

•  penetration  through  obstacles  such  as  buildings. 


Any  propagation  tool  used  must  support  these 
mechanisms  and  also: 

•  be  three-dimensional; 

•  be  computationally  efficient  (since  a  practical  tool 
will  be  required  to  make  area  coverage  predictions); 

•  have  a  wideband  capability  (for  modelling  of 
multipath  effects  on  digital  systems). 

Two  fundamentally  different  approaches  have  been 
eonsidered  for  this  problem.  Full- wave  parabolic 
equation  (PE)  models  have  been  used  for  several  years 
to  model  the  effects  of  refraction  [1]  and  diffraction  by 
terrain  [2].  More  recently,  the  PE  has  been  applied  to  the 
building  scatter/diffraction  problem,  both  in  two  and 
three  dimensions  [3].  However  PE  development  for 
urban  propagation  problems  is  still  at  an  early  stage.  The 
PE  is  intrinsically  a  forward  scatter  method,  and 
modelling  of  high  angle  reflections  and  non-specular 
effects  are  not  straightforward.  Computation  times  are 
still  high,  although  much  effort  has  gone  into  improving 
this  in  recent  years.  In  particular,  although  wideband 
effects  can  be  modelled  [4],  this  is  done  by  an  explicit 
calculation  of  the  channel  transfer  function  in  the 
frequency  domain,  multiplying  computation  times  by  a 
factor  corresponding  to  the  number  of  frequency 
components  of  interest.  One  of  the  biggest  advantages  of 
PE  methods  is  that  they  can  deal  in  a  uniform  way  with 
the  effects  of  the  atmosphere  as  well  as  diffraction  from 
terrain  and  terrain  cover. 

An  alternative  approach  is  the  use  of  ray  methods.  This 
is  by  now  a  well-established  technique  for  modelling  the 
effects  of  multipath.  In  the  last  few  years,  several  groups 
have  been  developing  tools  for  urban  propagation  based 
on  ray  methods.  Most  of  these  have  been  aimed  at  the 
mobile  communications  application  in  the  UHF  band, 
and  there  are  now  commercial  packages  available  [5]. 

Ray  tracing  is  very  simple  in  principle.  All  ray  paths 
connecting  transmitter  and  a  receiver  location  taking 
account  of  the  relevant  propagation  mechanisms 
between  these  are  found,  and  the  parameters  of  interest 
(for  example,  field  strength,  delay  spread,  channel 
transfer  function),  found  by  suitably  combining  the  ray 
parameters  of  all  the  rays  at  the  receiver. 


Paper  presented  at  the  AGARD  SPP  Symposium  on  “Digital  Communications  Systems:  Propagation  Effects, 
Technical  Solutions,  Systems  Design”,  held  in  Athens,  Greece,  18-21  September  1995  and  published  in  CP-574. 
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The  task  then  is: 

•  to  develop  a  computationally  efficient  algorithm  for 
finding  all  the  ray  paths; 

•  to  decide  the  kind  of  “rays”  required  to  model  the 
physical  mechanisms  required  for  the  application. 

The  simplest  ray  trace  model  will  include  only 
specularly-reflected  rays,  whose  properties  are  governed 
by  the  laws  of  geometrical  optics  (GO).  At  frequencies 
for  which  diffraction  is  important,  edge  diffracted  rays 
must  be  included,  whose  properties  are  governed  by  the 
laws  of  the  geometrical  theory  of  diffraction  (GTD)  or 
more  precisely,  the  uniform  theory  of  diffraction.  Most 
existing  mobile  communications  urban  propagation  tools 
at  UHF  are  based  on  GTD  methods.  The  modelling  of 
non-specular  scatter  requires  the  incorporation  of  rays 
that  do  not  follow  GO/GTD  paths,  and  a  suitable  model 
for  the  non-specular  reflection  process.  At  lower  VHF 
frequencies  where  diffraction  effects  are  important,  there 
is  an  alternative  to  GTD  methods:  this  is  to  model  the 
reflections  according  to  the  laws  of  physical  optics  (PO), 
and  to  represent  the  propagation  between  reflectors  by 
means  of  (non-specular)  rays  connecting  the  phase 
centre  of  the  reflecting  facets. 

This  paper  discusses  some  of  these  issues.  The 
propagation  tool  was  developed  with  two,  very  different, 
applications  in  mind.  The  first  was  point-to-point 
(wideband)  digital  links  at  38  GHz  in  an  environment 
where  building  reflections  and  obstructions  dominated. 
The  second  was  an  air-to-ground  application  at  VHF 
where  multipath  from  buildings  and  terrain  dominated. 
In  both  cases,  an  efficient  ray  trace  “engine”  was  used  to 
calculate  the  ray  paths.  The  millimetre  wave  application 
used  a  GO  specular  reflection  model,  while  the  VHF 
application  used  a  PO  non-specular  reflection  model. 

Any  deterministic  urban  propagation  model  requires  a 
building  database.  The  availability  of  these  varies  from 
country  to  country,  but  satellite  and  air  survey  methods 
are  improving  the  availability,  and  reducing  the  costs. 

The  main  interest  here  is  the  application  to  digital 
systems.  Some  examples  of  the  types  of  model 
“product”,  and  subsequent  processing  of  the  propagation 
results,  are  given. 

2  THE  MODEL 

2.1  The  Ray  Trace  “Engine” 

The  model  is  based  on  a  three-dimensional  ray-tracing 
technique.  All  geometrical  ray  paths  connecting 
transmitter  and  receiver  are  found,  up  to  a  given  order  of 
reflection.  (We  do  not  consider  here  a  “shooting” 
method  of  ray  tracing,  where  rays  are  emitted  from  the 
transmitter  at  predefined  separations  over  a  given  solid 
angle:  in  a  highly  reflection-dominated  geometry,  it  is 
extremely  difficult  to  ensure  that  all  relevant  rays  are 
included  in  the  field  computation  at  the  receiver). 


While  the  basic  techniques  are  well  known,  the 
computational  complexity  of  their  naive  implementation 
is  very  high,  since  3D  building  databases  with  several 
hundreds  of  facets  are  required,  and  reflections  up  to  5th 
or  6th  order  may  be  necessary  for  prediction  of  field 
strength  in  the  “shadow”  of  a  building.  A 
straightforward  implementation  of  a  ray  search  would 
have  a  computation  time  proportional  to  : 

;=i 

where  n  is  the  number  of  facets  included  in  the  database 
and  d  is  the  order  of  reflection.  The  run  time  increases 
exponentially  with  the  order  of  reflection! 

In  this  implementation,  we  use  an  “image”  method  to 
represent  specular  reflections  and  diffraction:  each 
interaction  with  a  reflecting  or  diffracting  surface  is 
replaced  by  a  virtual  image  whose  characteristics  model 
both  the  geometry  and  the  electrical  properties  of  the 
object.  Within  this  framework,  the  computational 
complexity  is  greatly  improved  by  pre-calculating  a 
connectivity  matrix  for  the  images.  In  the  “average” 
urban  situation,  building  obstruction  ensures  that  the 
matrix  is  sparse,  and  the  run  time  is  now  proportional  to 

T2- 

i=d 

T2  =  nY,f{i,n) 

(=1 

Here  f{i,n)  is  a  decreasing  function  of  i  which  tends 
toward  a  positive  constant  value  as  i  increases  and 
becomes  independent  of  n  for  large  n.  The  computation 
is  still  intensive  but  now  the  run  time  tends  to  be 
proportional  to  the  order  of  reflection  d  instead  of 
exponential. 

The  images  required  depend  on  the  physical  interaction 
to  be  modelled. 

2.1.1  Specular  reflections 

This  is  the  simplest  case.  Each  reflecting  surface  is 
replaced  by  a  single  optical  image  whose  location  is 
determined  by  GO  and  whose  (complex)  amplitude  is 
determined  by  the  electrical  properties  of  the  surface. 
Since  the  specular  loss  on  reflection  at  a  building  surface 
is  of  the  order  of  10  dB  at  millimetric  wavelengths  [6],  a 
practical  model  for  digital  system  performance  does  not 
normally  need  to  include  rays  beyond  second  order 
reflection. 

2.1.2  Diffraction 

Edge  and  corner  diffraction  at  the  corner  of  a  building  or 
at  the  edge  of  a  roof  can  be  modelled  by  a  set  of  images 
whose  locations  and  amplitudes  are  determined  by  GTD. 

The  use  of  diffraction  in  the  propagation  model  involves 
a  much  higher  computational  cost  (since  many  more 
images  are  required,  and  the  connectivity  matrix  is  less 
sparse).  However,  the  effects  of  diffraction  decrease  as 
the  frequency  increases,  and  in  our  application  to 
38  GHz  point-to-point  links,  its  effects  are  much  less 
significant  than  the  effects  of  direct  and/or  reflected 
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power.  The  practical  effects  on  digital  system 
performance  are  usually  negligible  compared  to 
reflected  multipath,  and  in  such  conditions  one  can 
neglect  diffraction,  or  only  consider  low  order  effects 
(one  reflection  plus  one  diffraction  at  most). 

2.1.3  Building  penetration 

Practical  observations  show  that  building  penetration 
can  be  a  dominant  propagation  mode  and  in  some  cases 
modelling  its  effects  can  be  necessary  even  if  it  is 
expensive  in  term  of  computation.  Each  surface  then 
requires  two  images — one  for  the  reflected  ray  and  one 
for  the  transmitted  ray.  It  is  often  difficult  to  predict  the 
effects  of  building  penetration  because  the  materials 
used  in  building  construction  are  not  always  very  well 
known  and  the  way  the  inside  of  a  building  is  furnished 
is  very  variable  as  well.  The  impact  on  the 
computational  workload  is  also  extremely  significant: 
every  facet  becomes  connected  to  every  other  facet  (i.e. 
the  connectivity  matrix  is  dense),  and  other  ad  hoc 
methods  must  be  devised  to  keep  the  problem  tractable. 

2.2  The  Database 

The  3D  database  contains  information  on  the  studied  site 
which  is  stored  in  the  form  of  a  list  of  facets.  The 
simplest  representation  of  many  buildings  would  be  as  a 
cuboid  defined  by  5  facets.  Similarly,  facets  can  be  used 
for  the  representation  of  the  ground. 

Every  facet  includes  information  on: 

•  its  dimensions  and  position. 

•  its  electrical  properties. 

•  its  surface  roughness. 

In  an  urban  situation,  because  of  the  mostly  cuboidal 
shape  of  buildings,  one  can  use  rectangular  reflectors  to 
give  an  acceptable  description  of  the  site  of  interest;  for 
other  type  of  terrain  triangular  shaped  reflectors  should 
be  used  in  order  to  describe  the  area  topology,  although 
other  shapes  may  be  more  convenient  for  propagation 
models  (for  example  in  the  PO  approach  described 
below). 

A  good  balance  must  be  found  between  a  high  precision 
database  for  high  accuracy  prediction  of  radio  wave 
propagation  on  the  one  hand,  and  the  computational  cost 
of  such  a  prediction  and  the  availability  of  the  necessary 
databases  on  the  other.  Further  discussion  is  found  in 
[7]. 

From  a  practical  point  of  view,  site  databases  are  often 
unavailable.  One  way  of  proceeding  is  to  start  from  a  2D 
digital  database  and  then  to  carry  out  an  additional 
survey  to  get  information  on  building  heights,  material 
used  for  the  construction,  etc.  An  example  of  such  a 
database  is  shown  in  Figure  1.  This  was  created  for 
architectural  purposes  [8]  and  contains  much  more  detail 
than  is  necessary  for  propagation  models,  but  does  show 
the  kind  of  database  that  can  be  created.  Figure  2  gives 
an  idea  on  the  degree  of  detail  used  in  simulation  at 
RAL. 


Alternatively,  some  companies  now  provide  survey 
services  for  urban  areas  using  techniques  such  as 
stereographic  photography  to  establish  an  accurate 
picture  of  a  site.  However,  these  services  are  still 
expensive  and  furthermore  don't  provide  much 
information  on  the  electrical  properties  of  building 
surfaces. 

2.3  The  Propagation  Model 

Once  all  the  paths  connecting  the  receiver  (Rx)  and  the 
transmitter  (Tx)  have  been  found,  the  energy  reaching 
the  Rx  from  the  Tx  can  be  calculated  from  the 
(coherent)  sum  of  the  energy  travelling  along  each  ray. 

In  a  ray  tracing  method  the  direction  and  weighting  of 
each  contribution  to  the  overall  electromagnetic  field  for 
a  given  position  is  directly  available.  This  can  be  very 
useful  for  identifying  any  potential  source  of 
interference  or  to  propose  multipath  countermeasures  in 
radar  or  communications  applications. 

The  contribution  of  each  ray  is  handled  as  a  complex 
voltage  value  according  to  the  phase  and  magnitude  of 
the  signal  coming  from  this  ray.  The  total  signal 
reaching  the  Rx  is  therefore  equal  to  the  complex  sum  of 
each  ray's  contribution. 

Because  of  the  uncertainty  of  the  position  of  buildings  in 
the  database  compared  to  the  wavelength  (^=8  mm  for 
the  model  developed  at  RAL),  and  more  generally 
because  of  the  limited  level  of  detail  contained  in  the 
database  compared  to  reality,  the  absolute  phase  of  each 
ray  component  will  not  generally  be  predictable 
(although  the  relative  phase  of  rays  at  two  nearby 
locations  will  be).  Therefore  it  is  not  realistic  to  expect 
the  tool  to  give  the  exact  value  of  received  power  at  a 
given  location.  Of  more  importance,  in  practice,  will  be 
the  prediction  of  quantities  such  as: 

•  the  mean  field  in  an  area; 

•  the  variability  of  the  received  signal  with  position; 

•  the  range  of  delays  of  the  multipath  signals; 

•  the  main  directions  of  arrival  of  the  signals; 

•  the  transfer  function  over  the  channel  bandwidth. 

The  ray  parameters  can  be  used  to  obtain  these 
quantities.  For  example,  the  incoherent  power  is 
obtained  by  an  RMS  sum  of  the  magnitudes  of  the 
contributions,  while  the  RMS  delay  spread  is  obtained 
from  calculating  the  second  central  moment  of  the 
power  delay  profile.  These  derived  ray-quantities  can 
then  be  used  to  assess  the  quality  of  a  digital 
communication  channel. 

The  rest  of  this  section  describes  some  of  the 
propagation  models  used  in  the  current  tool.  Both  the 
millimetric  and  the  VHF  applications  are  covered.  At 
present,  diffraction  is  not  included  in  the  millimetric 
application  since  it  generally  has  little  practical  effect;  at 
VHF  diffraction  is  accounted  for  by  means  of  physical 
optics.  Building  penetration  is  also  not  included  because 
of  the  absence  of  experimentally  measured  parameters. 
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A  measurement  programme  is  underway  at  RAL  to  get  a 
better  understanding  of  the  mechanisms  involved,  and  to 
provide  driving  parameters  for  the  prediction  tool.  Some 
preliminary  results  from  this  measurement  campaign  are 
presented  later  in  this  paper. 

2.3.1  The  free  space  model. 

The  free  space  transmission  model  can  be  found  in 
numerous  references,  and  is  usually  given  with  transmit 
and  receive  antenna  gain,  as  follows: 

'  1671^' 

where 

Pf  is  the  power  at  the  terminal  of  the  receive  antenna; 

Pi  is  the  power  delivered  to  the  transmit  antenna; 

Gt  and  are  the  gains  of  the  transmit  and  receive 
antennas; 

X  is  the  free  space  wavelength; 
d  is  the  path  length. 

2.3.2  The  specular  reflection  model 

Once  again,  the  reflection  model  is  a  standard  one,  and 
can  be  found  in  [9].  The  loss  due  to  a  reflection  is 
modelled  by: 

R  =  R,.p 

where 

Rq  is  the  reflection  coefficient  on  smooth  surface, 
p  is  the  loss  due  to  surface  roughness. 

The  smooth  surface  reflection  coefficient  is  given  by 
Fresnel’s  formulae: 

^  _  sintp-Vc 

sin  tp  -H  ^fc 

Where  tp  is  the  grazing  angle  and 
C  =  ri  -  cos^  (p  for  horizontal  polarisation 

C  =  (T|  -  cos^  9)  /  Ti^  for  vertical  polarisation 
with  Ti  =  e,(/)-760^a(/) 


The  rough  surface  loss  is  then  approximated  by: 

1 

p  =:  .  where  x  =  05g 

J3.2X  -  2  -f 


2.3.3  Building  penetration  model 
A  simple  and  very  empirical  model  is  proposed  for 
building  penetration: 
p^Kd 

where  p  is  the  normalised  loss,  K  is  a.  coefficient 
depending  on  the  material  used  for  the  construction  of 
the  building  and  d  is  the  length  of  the  path  within  the 
building.  A  more  accurate  model  that  takes  into  account 
the  wavelength,  the  dispersiveness  of  the  medium  and 
the  incidence  of  the  power  on  the  building  may  turn  out 
to  be  necessary,  and  a  more  thorough  investigation  of 
this  mechanism  is  awaited. 


2.3.4  Physical  optics 

At  VHF  frequencies,  the  wavelength  is  comparable  to 
the  size  of  buildings  and  diffracted  signals  can  be 
significant;  a  pure  GO/specular  reflection  model  is 
inadequate  in  this  case.  Most  existing  models  use  GTD 
to  represent  the  effects  of  diffraction.  An  alternative 
description  of  the  interaction  of  electromagnetic  waves 
by  a  finite  sized  reflector  is  provided  by  physical  optics, 
and  this  is  the  approach  used  in  this  implementation. 

The  reflection/diffraction  process  is  modelled  in  two 
stages: 

1.  the  field  induced  on  the  reflecting  surface  by  the 
incident  wave  is  calculated.  This  depends  on  the 
electrical  properties  of  the  surface;  for  a  smooth 
planar  surface,  and  uniform  illumination  by  the 
source,  the  field  amplitude  can  be  assumed  to  be 
constant; 

2.  the  field  at  a  receiver  point  is  obtained  by  integrating 
the  surface  field  over  the  “aperture”  of  the  reflecting 
surface,  just  as  if  the  reflecting  surface  were  a 
radiating  antenna. 


and 

£,(/)  is  fits  relative  permittivity  of  the  surface  at 
frequency/, 

c(f)  is  the  conductivity  (S/m)  of  the  surface  at 
frequency/. 

At  38  GHz,  the  surface  roughness  of  a  building  wall  is 
very  often  significant  compared  to  the  wavelength  (k  ~ 
7.9  mm)  and  loss  due  to  surface  roughness  during  a 
(specular)  reflection  has  to  be  taken  into  account. 
Surface  roughness  is  characterised  by  the  Rayleigh 
roughness  criterion: 

g  =  47t(S„  /  X)sin9 

where 

Sfi  is  the  standard  deviation  of  the  surface  height  about 
its  mean  value; 

X  is  the  free  space  wavelength; 

9  is  the  grazing  angle. 


In  PO  the  reflecting  surface  can  be  thought  of  as  a 
radiating  source,  and  normal  antenna  concepts  can  be 
applied  to  the  reflecting  surface.  Thus  the  surface  has  an 
“antenna  pattern”,  and  we  can  distinguish  between  the 
near  and  far  fields  of  the  surface.  For  even  illumination 
of  a  rectangular  surface,  the  field  can  be  calculated 
analytically  in  terms  of  Fresnel  integrals. 

The  PO  approach  can  be  considered  a  ray  tracing 
approach  with  “non-specular”  reflections  and  “reflection 
coefficients”  given  by  the  antenna  pattern.  A  major 
computational  advantage  is  that  the  “ray”  trajectories 
simply  interconnect  the  centres  of  the  reflectors;  this  can 
be  done  once  and  for  all  when  the  reflector  geometry  is 
known,  and  does  not  depend  on  the  transmitter  or 
receiver  positions. 

In  contrast  the  GO/GTD  image  approach  requires  the 
ray  paths  to  be  calculated  afresh  for  each  new 
transmitter  position;  for  a  moderately  complex 
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environment,  the  ray  path  calculation  is  time  consuming 
and  dominates  the  overall  run  time.  A  PO  approach  will 
thus  be  more  efficient  than  GTD  for  applications  where 
both  terminals  are  mobile.  As  in  the  GO  approach, 
angles  of  arrival  of  the  multipath  rays  are  obtained  from 
the  path  geometry  of  the  (non-specular)  rays. 

The  task  of  finding  all  the  ray  paths  in  GTD  is  also 
significantly  more  expensive  than  in  PO  as  each  surface 
requires  two  edge-diffracted  rays  in  addition  to  the 
specularly  reflected  (GO)  ray.  As  before,  a  connectivity 
matrix  can  be  used  to  check  for  obstructions  on  the  ray 
paths  between  transmitter  and  receiver. 

Figure  3  shows  an  example  of  the  ray  paths  in  such  a 
method  for  studying  the  effects  of  the  reflection  of  VHF 
signals  from  hilly  terrain  surrounding  the  receiving 
point,  Rx.  The  field  contribution  from  every  facet  is 
added  to  obtain  the  overall  effect  on  the  transmission 
channel. 

2.4  Features  of  the  Computer  Implementation 

The  computer  model  has  been  developed  as  a  practical 
tool.  With  this  model  one  may  perform  a  point-to-point 
study  as  shown  in  Figure  4,  or  an  area  coverage  study  as 
shown  in  Figure  5. 

With  this  simulation  tool  the  user  can  easily  modify: 

•  the  properties  of  any  facets  of  the  database; 

•  the  position,  orientation  and  polarisation  of 
transmitter  and  receiver; 

•  the  antenna  pattern  of  either  receive  or  transmit 
antenna  by  using  one  of  the  built  in  standard  models 
or  by  loading  the  user’s  own  model. 

Furthermore,  functions  specific  to  digital  communi¬ 
cations  (such  as  delay  spread  analysis)  are  also  available 
to  the  user — Figure  6. 

This  model  is  intended  to  be  used  with  a  communication 
system  development  tool  such  as  SPW  [10].  Figures  7  to 
9  give  an  idea  of  how  the  propagation  model  can  be 
incorporated  in  the  simulation  of  a  mobile 
communications  system.  The  standard  statistical  channel 
models  (such  as  Rayleigh  fading,  or  the  Jakes  model)  is 
replaced  by  a  site-specific  channel  model  generated  by 
the  propagation  tool.  This  for  instance  would  give  a 
better  estimate  of  the  effects  of  changing  the  location  of 
transmitter  and  receiver  or  of  changing  the  type  of 
antenna. 

3  VALIDATION  OF  THE  MODEL 

In  order  to  validate  the  model  predictions  a  simulation 
was  made  for  a  group  of  buildings  on  the  RAL  site,  for 
which  a  suitable  building  database  was  available. 

Figure  10  shows  the  result  of  this  simulation,  in  the  form 
of  the  possible  ray  paths  overlaid  on  a  map  of  the 
buildings.  The  model  predicts  that  the  power  arriving  at 


the  receiver  should  come  from  two  different  directions 
represented  by  the  last  part  of  rays  1  and  2. 

A  series  of  measurements  were  made,  giving  a 
qualitative  comparison.  The  walls  involved  here  were 
mostly  made  out  of  brick.  The  transmitter  and  receiver 
were  both  at  1.5  m  above  ground  and  the  antennas  used 
for  transmit  and  receive  were  standard  gain  horns  with 
an  azimuthal  beam  width  of  17°.  Figure  11  shows  the 
signal  actually  measured  at  Rx,  as  a  function  of  receive 
angle,  for  the  configuration  in  Figure  10. 

One  can  see  some  agreement  between  the  angle  of 
arrival  of  ray  2  of  Figure  10  and  the  peak  measured  in 
zone  B  on  Figure  1 1 .  However  the  absence  of  any 
incoming  field  at  0°  due  to  the  ray  path  1  in  Figure  10 
seems  to  suggest  that  specular  reflections  by  a  brick  wall 
of  third  order  or  higher  are  not  significant.  Furthermore, 
peaks  were  seen  (at  A  and  C  in  Figurell)  which  were 
not  predicted  by  the  ray  trace  model.  These  are  believed 
to  be  due  to  first  order  non-specular  reflections. 

4  CONCLUDING  REMARKS 

The  paper  has  described  a  programme  of  work  to 
develop  a  practical  propagation  tool  that  can  be  used 
from  VHF  to  millimetric  frequencies.  This  has 
necessitated  a  re-evaluation  of  the  practical  significance 
of  the  various  propagation  mechanisms  in  different 
frequency  bands,  and  a  flexible  approach  to  the 
modelling. 

In  addition  to  the  modelling  effort,  RAL  are  making 
measurements  to  characterise  the  effects  of  buildings 
and  vegetation  on  propagation  at  millimetre  waves  (see, 
for  example  [6]).  There  is  a  rapidly  growing  civilian  use 
of  frequencies  around  38-42  and  60  GHz  for  digital 
point-to-point  links  and  point-to-multipoint  distribution 
systems.  The  results  of  these  measurements  will  also 
improve  the  parameterisation  of  the  models  used  in  the 
propagation  tool,  which  in  turn  will  be  used  in  the 
design  of  the  new  generation  of  digital  systems. 
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Figure  3:  Illustration  of  a  study  at  VHF  frequency 
using  PO  method. 


Figure  4:  Example  of  point  to  point  study. 
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Figure  5:  Example  of  coverage  diagram  obtained  Figure  6:Power  delay  profile  obtained. 
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figure  7:  SPW  block  diagram  editor  describing  a  digital  communications  channel. 


Figure  8  and  9:  Example  of  analysis  carried  out  on  the  system  defined  in  figure  7. 
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DISCUSSION 

Discusser’s  name:  J.  F.  Harvey 

Comment/Question: 

1.  Comment: 

I  believe  it  is  very  important  to  understand  the  details  of  propagation  in  complex  terrain  in  order  to 
design  the  US  Army’s  digital  battlefield  systems.  This  kind  of  model  is  important  to  advance  this 
understanding. 

2.  Question: 

Does  your  model  simulate  effets  of  complex  terrain  on  the  polarization  of  the  EM  waves, 
particularly  for  VHF. 

3.  Question: 

Are  your  confident  that  the  diffuse  reflection  contribution,  which  you  neglect,  is  less  than  the 
specular  reflection  contribution  for  high  order  reflections? 

Author/Presenter’s  reply: 

2.  No. 

3.  We  have  not  yet  dealt  with  a  situation  requiring  more  than  first  order  reflections. 


Discusser’s  name:  A.  D.  Papatsoris 

Comment/question: 

Have  you  considered  excluding  phase  information  from  your  model?  If  yes,  how  does  the 
coherent  signal  compare  to  the  incoherent? 


Author/Presenter’s  reply: 

Yes.  The  tool  can  display  other  quantities  than  coherent  fields.  An  incoherent  sum  gives  a  value 
of  the  signal  including  slow  fading  effects  but  excluding  the  effects  of  fast  fading  due  to 
constructive/destructive  effects  of  phase  differences. 
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DISCUSSION 


Discusser’s  name:  F.  Davarian 

Comment/Question: 

Please  comment  on  the  effect  of  room  and  office  furniture  on  your  prediction  model. 


Author/Presenter’s  reply: 

We  currently  have  only  applied  the  model  to  outdoor  coverage.  Penetration  through  buildings  at 
millimetre  wavelengths  is  very  sensitive  to  small  scale  features  such  as  window  locations  (and 
quite  possibly  furniture).  We  are  making  measurements  to  try  to  characterise  this.  For  now  we 
have  proposed  a  very  simplified  attenuation  model. 


Discusser’s  name:  Not  given 

Comment/Question: 

Question  1 : 

Have  you  any  plans  to  perform  experiments  for  comparison  purposes? 

Question  2: 

Given  the  uncertainty  in  the  various  parameters  needed  and  the  effort  needed  to  set  up  your 
simulation  model,  what  is  the  advantage  of  simulated  results  as  opposed  to  moving  the 
transmitter  and  receiver  positions  in  an  experiment  to  determine  the  required  information? 

Author/Presenter’s  reply: 

Question  1 : 

Yes  a  measurement  programme  is  currently  undertaken  at  RAL.  Its  purpose  is  the  validation  of 
the  current  model  and  its  improvement,  the  investigation  of  the  effects  of  vegetation  and  the  study 
of  through-building  propagation  at  38  Ghz. 

Question  2: 

The  prediction  tool  can  give  an  estimate  of  the  quality  of  the  received  signal  with  a  certain  degree 
of  confidence  in  many  cases.  Furthermore,  it  can  be  the  only  way  to  assess  the  radio  coverage  of 
a  system  in  cases  such  as  hostile  environment  in  enemy  territory. 
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DISCUSSION 


Discussor’s  name:  L.  Bertel 

Comment/Question: 

Comment  prenez-vous  en  compte  les  effets  d’antennes  dans  votre  modele?  Utilisez-vous  les 
reponses  complexes  des  antennes  (amplitude  et  phase)  ou  seulement  les  diagrammes  de 
directivite? 

Translation 


How  do  you  take  into  account  the  effects  of  antennas  in  your  model?  Do  you  use  the  complex 
responses  (in  amplitude  and  phase)  of  the  antennas  or  only  their  directivity  patterns. 

Author/Presenter’s  reply: 

The  simulation  tool  takes  into  account  the  antenna  gains  using  digitised  antenna  patterns.  The 
phase  change  due  to  antenna  is  not  taken  into  account. 

Although  we  calculate  the  coherent  field,  the  phase  at  any  particular  receiver  will  be 
indeterminate  because  of  the  uncertainty  of  building  positions  compared  to  a  wavelength. 
However,  the  relative  phase  from  point  to  point  will  be  correct,  and  this  gives  fade  rates  etc. 

As  long  as  antenna  phase  varies  slowly  with  angle,  these  quantities  will  be  unaffected  by  ignoring 
antenna  phase. 
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1.  SUMMARY 

This  paper  discusses  ongoing  work  by  AT&T  Bell 
Laboratories,  Pennsylvania  State  University, 
Polytechnic  University  and  Virginia  Polytechnic 
University  in  developing  site  specific  urban 
propagation  computer  models.  Both  two  and  three 
dimensional  ray  tracing  algorithms  have  been 
developed  by  the  different  organizations  and  applied 
in  the  Rosslyn  VA  area  at  900  and  1900  MHz.  After 
the  models  have  predicted  the  propagation  loss  from 
specific  transmitter  sites  to  receiver  locations, 
measurements  have  been  taken  to  determine  the  actual 
values.  This  paper  presents  some  comparisons  of  the 
different  models  and  measurements.  Where  the 
computer  models  have  worked  well,  they  are  typically 
within  about  7  dB  of  measurements.  In  some  areas  of 
Rosslyn  there  are  known  problems  with  the  building 
data  base  where  predictions  differ  from  measurements, 
however  work  is  continuing  to  improve  the  models  in 
other  problem  areas.  This  will  be  accomplished  by 
comparing  the  different  models  to  one  another  and  the 
measurements  and  then  refining  the  models. 

2.  INTRODUCTION 

Before  deploying  a  cellular  or  micro-cellular  type 
microwave  communication  system,  it  is  usually 
necessary  to  understand  the  propagation  conditions  in 
the  intended  service  area  in  order  to  select  antenna 
sites  and  set  system  design  parameters  to  obtain  the 
required  coverage.  Often  design  tools  using  statistical 
propagation  models  are  used  for  this  purpose. 
However,  these  tools  are  usually  not  accurate  enough 
for  urban  environments  and  extensive  on-site 
measurements  are  required  before  the  design  can  be 
finalized.  These  measurements  add  to  the  time  and 
expense  of  the  system  design  and  may  not  be  practical 
in  many  scenarios. 


An  alternate  approach  is  to  use  site-specific  tools  that 
model  microwave  propagation  by  including  actual 
local  environmental  elements  such  as  buildings,  other 
objects,  vegetation  and  terrain.  These  tools  can  be 
expected  to  provide  better  accuracy  than  can  be 
obtained  with  statistical  models  and  with  less  time, 
expense  and  intrusion  than  required  for  measurements. 

Many  such  models  and  tools  have  been  proposed  in 
the  scientific  and  engineering  literature.  To  evaluate 
some  of  the  more  promising  of  these  and  encourage 
their  further  development  into  a  complete  urban 
propagation  tool  incorporating  the  best  features  of 
each,  the  United  States  government  is  sponsoring  a 
project  involving  AT&T  Bell  Laboratories, 
Pennsylvania  State  University,  Polytechnic  University 
and  Virginia  Polytechnic  University.  This  project 
includes  a  series  of  propagation  predictions  from  each 
of  the  four  groups  which  are  then  compared  with 
actual  measurements  made  independently.  These 
comparisons  are  used  to  evaluate  the  accuracy  of  the 
predictions,  identify  the  relative  strengths  of  each 
model  and  refine  the  modeling  techniques  in  areas 
where  the  measurements  and  predictions  differ 
significantly. 

The  site  selected  for  the  study  was  about  one  square 
km  area  of  Rosslyn,  Virginia,  USA.  Rosslyn  is  an 
urban  area  lying  across  the  Potomac  River  from 
Washington,  DC  which  offers  an  irregular  street  plan 
with  a  variety  of  building  types,  building  heights  and 
street  widths.  There  are  residential  areas  with  light 
vegetation  in  the  western  area  of  the  study  with  high- 
rise,  commercial  buildings  with  an  average  height  of 
about  10  stories  in  the  east.  The  commercial  area  also 
includes  some  open  areas  and  many  elevated 
pedestrian  cross-walks  over  the  streets.  In  addition, 
terrain  elevation  varied  from  15  to  55  meters  over  the 
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Study  area.  These  factors  allowed  a  number  of 
environmental  variables  to  be  addressed  in  the  study. 


3.  BUILDING  DATA  BASE 

Another  major  factor  in  selecting  the  Rosslyn  site  for 
this  study  was  the  existence  of  extensive  photographic 
data  obtained  during  aerial  overflights.  From  the 
photographs,  the  major  buildings  and  other  structures 
were  identified  and  the  external  surfaces  of  the 
buildings  were  digitally  encoded  into  a  set  of  three 
dimensional,  convex  polyhedra  using  a  wire-grid 
structure.  Additional  post-processing  of  this  data  was 
performed  to  remove  some  of  the  detail  which  could 
greatly  lengthen  the  calculation  time  without 
contributing  significantly  to  the  accuracy  of  the 
predictions.  The  final  data  base  was  generated  in  the 
standard  DXF  format  used  by  many  architectural  and 
other  CAD  programs.  The  use  of  this  standard  format 
for  interfacing  all  of  the  propagation  prediction  tools 
allowed  easy  interchange  of  building  data  between  the 
four  study  groups  and  future  flexibility  with  other  data 
bases  and  tools.  Figure  1  is  a  perspective  view  of  this 
data  base  for  a  part  of  the  city. 

4.  MODEL  DESCRIPTIONS 
4.1  AT&T  Model 

The  computer  tool  developed  by  AT&T  Bell 
Laboratories  to  predict  outdoor  electro-magnetic 
propagation  currently  supports  two  different  ray 
tracing  methodologies.  The  first  is  a  two  dimensional 
ray  tracing  technique  while  the  second  is  a  full  three 
dimensional  model.  This  computer  tool  was 
developed  from  an  earlier  tool  designed  to  predict 
propagation  inside  of  buildings  that  is  discussed  in 
papers  by  R.  A.  Valenzuela  et.  al.^*^  The  two 
dimensional  technique  has  the  advantage  of  being 
much  faster  to  calculate  than  the  three  dimensional 
method,  however  it  is  only  valid  when  the  transmitter 
and  receiver  locations  are  significantly  below  the  tops 
of  the  buildings  in  the  area.  This  technique  is 
sometimes  referred  to  as  the  infinite  canyon  model. 
Both  ray  tracing  techniques  determine  specular 
reflections  off  building  surfaces  and  diffractions  at 
vertical  edges  of  buildings.  The  three  dimensional 
model  also  uses  specular  reflections  from  horizontal 
building  roofs  and  the  ground  and  diffractions  from 
horizontal  edges. 

The  propagation  tool  requires  as  inputs  the  locations, 
orientations  and  anteima  patterns  of  all  transmitter 
sites  and  locations  of  all  receivers.  It  also  requires  the 
transmitted  power  levels  of  all  the  transmitters. 
Finally  a  description  of  all  the  planar  surfaces  of  the 
buildings  is  required  as  input.  This  surface  description 
file  must  indicate  the  position  and  shape  of  every 
building  surface  as  well  as  what  type  of  surface  it  is. 
The  user  of  the  tool  may  select  the  building  wall  type 


from  a  list  of  typical  building  materials  such  as 
concrete,  glass,  wood,  sheetrock,  etc. 

Once  the  tool  has  read  the  input  data,  it  attempts  to 
find  all  ray  paths  from  a  transmitter  to  a  receiver 
location.  TLese  rays  may  find  their  way  to  the  receive 
location  by  reflecting  off  building  surfaces  or 
diffracting  around  building  comers  formed  by  two 
building  surfaces.  The  user  of  the  tool  may  specify  the 
maximum  number  of  reflections  and  diffractions  to 
consider  in  finding  these  ray  paths.  Once  all  the  rays 
desired  have  been  found,  ^e  electric  field  each  ray 
provides  at  the  receive  location  is  calculated.  The 
predicted  power  at  the  receive  location  is  then 
calculated  from  these  fields  and  may  be  performed 
coherently  adding  fields  or  incoherently  adding  power 
contributions. 

The  field  from  each  ray  is  calculated  by  determining 
the  strength  of  the  radiated  ray  and  the  loss  that  ray 
undergoes.  The  radiated  power  is  calculated  from  the 
transmit  power  and  antenna  pattern.  The  loss  has  two 
components,  a  free  space  loss  and  an  additional 
scattering  loss.  The  free  space  loss  is  simply  the 
amount  of  loss  due  to  the  radiation  of  energy  out  into 
open  space  and  is  inversely  proportional  to  the 
distance  traveled  hy  the  ray  squared.  In  addition  to 
this  loss,  some  energy  is  lost  from  the  ray  during  each 
reflection  or  diffraction  it  undergoes.  To  compute  the 
amount  of  energy  lost  in  a  reflection,  the  building 
surfaces  are  modeled  as  multilayered  planar 
homogeneous  lossy  dielectric  slabs  with  a  plane  wave 
impinging  upon  them.  Good  choices  for  the  number, 
thickness,  permittivities  and  conductivities  of  these 
dielectric  layers  is  still  an  area  of  research.  To  date, 
values  have  been  chosen  to  fiy  and  represent  actual 
building  construction  and  materials.  Good  agreements 
with  measurements  for  the  outside  two  dimensional 
model  have  been  reported  by  Erceg,  Rustako  and 
Roman^^^  using  material  parameters  for  concrete.  To 
compute  the  amount  of  energy  lost  in  a  diffraction,  the 
Geometric  Theory  of  Diffraction  (GTD)  for  an  infinite 
lossy  dielectric  wedge,  as  reported  by  Luebbers'^'*^,  has 
been  used. 


4.2  Penn  State  Model 

The  Penn  State  propagation  model  is  a  hybrid  of 
Shooting  and  Bouncing  Rays  (SBR)^^^  and  the 
Geometrical  Theory  of  Diffraction  (GTD)^®^ 

Both  two-dimensional  (2D)  and  three-dimensional 
(3D)  versions  have  been  developed.  The  2D  version 
assumes  that  the  transmitter  and  receiver  are  located 
below  the  building  roof  level.  The  3D  model  assumes 
that  either  the  transmitter  or  receiver  (or  both)  are 
located  at  a  height  above  some  of  the  buildings  so  that 
propagation  over  buildings  must  be  included.  The 
2D  version  is  therefore  a  "canyon"  model.  For  the 
2D  model  the  ground  is  approximated  as  a  flat  surface 
which  can  be  slanted.  The  3D  version  is  fully  three- 
dimensional,  with  full  polarization  dependence 
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included  in  the  reflection  and  diffraction  coefficients. 
For  the  3D  version  the  building  surfaces  can  be 
convex  flat  polygons  of  arbitrary  shape,  including 
slanted  edges.  The  3D  version  ground  is  modeled  as 
connected  polygonal  plates,  so  it  can  be  irregular. 
Diffractions  from  the  ground  plate  edges  are  not 
included  in  these  calculations,  but  could  be  added. 

When  making  propagation  calculations  the  SBR 
method  is  applied  twice.  For  the  first  application 
many  rays  are  shot  from  the  transmitter  location, 
reflecting  off  buildings  and  ground.  For  the  2D 
model  these  are  disks,  but  for  the  3D  model  the  rays 
shoot  out  through  a  spherical  area.  The  purpose  of 
this  "shooting"  is  to  find  the  diffracting  edges  for  a 
given  transmitter  location  (and  ray  direction  for  the 
3D  model).  This  "shooting"  is  done  regardless  of  the 
receiver  locations.  As  the  rays  are  "bouncing"  off 
the  buildings,  the  rays  closest  to  building  edges  are 
determined.  These  rays  are  sorted,  and  each 
diffracting  edge  is  identified.  If  double  diffraction 
is  to  be  applied,  additional  cones  of  rays  (disks  for 
2D)  are  "shot"  from  the  diffracting  edges  and 
bounced  through  the  buildings.  Once  this  is 
completed  all  the  diffracting  edges  are  known.  For 
3D  the  diffraction  points  on  each  diffracting  edge  for 
each  ray  incident  on  the  edge  are  known. 

Now  the  rays  are  all  shot  again.  Each  receiver 
point  has  a  collection  aperture  surrounding  it,  typically 
several  meters  on  a  side.  For  each  ray  shot  from 
the  transmitter,  including  any  subsequent  diffracted 
rays,  all  rays  collected  in  a  receiving  aperture  are 
saved.  For  each  ray  shot  from  the  transmitter  all 
receiver  points  are  considered.  Then  the  next  ray  is 
shot  and  all  receivers  are  again  considered.  As  the 
rays  are  being  shot,  the  rays  received  by  each 
receiver  aperture  are  sorted  and  one  ray  for  each 
unique  path  is  selected.  For  multiple  rays  following 
the  same  path  the  ray  closest  to  the  center  of  the 
receiver  aperture  is  kept.  The  ray  amplitudes  are 
evaluated  using  reflection  coefficients  for  a  plane 
wave  incident  on  a  dielectric  half-space.  Thus  the 
reflection  coefficients  are  a  function  of  incidence 
angle.  The  diffracted  rays  are  evaluated  using  UTD 
wedge  diffraction.  Diffracted  rays  are  combined 
coherently  with  the  corresponding  reflection  and 
shadow  boundary  rays  for  each  building  surface. 
Rays  from  different  building  surfaces  are 
combined  incoherently.  The  ground  reflected  rays 
are  combined  coherently  with  the  corresponding  non- 
ground-reflected  ray  for  the  2D  model.  In  the  3D 
model  the  ground  reflections  are  included  but  are 
not  combined  coherently  with  the  corresponding 
non-reflected  ray. 

4.3  Polytechnic  Model 

Instead  of  a  full  three  dimensional  ray  trace,  the 


Polytechnic  approach  uses  several  simpler  two 
dimensional  ray  traces  to  approximate  the  actual  three 
dimensional  rays  that  give  Ae  primary  contributions  to 
the  received  signal.  To  this  end,  we  identify  a 
hierarchy  of  ray  classes  that  can  be  systematically 
searched  by  ^e  program  to  find  the  primary 
contributors  in  each  class.  For  each  class,  the  program 
consists  of  a  sub  program  that  interrogates  the  building 
data  base  for  relevant  building  information.  A  second 
sub  program  then  calculates  the  ray  contributions  to 
the  total  signal.  These  individual  programs  are 
modular,  and  reused  at  later  stages  in  the  hierarchy. 

In  order  to  describe  this  hierarchy,  we  define  for  each 
receiver  point  a  Vertical  Planes  (VP)  and  a  Slant 
Planes  (SP)  as  shown  in  Figure  1.  The  VP’s  are 
defined  as  containing:  1)  the  receiver  and  the 
transmitter:  2)  the  receiver  and  an  equivalent  source 
point  such  as  an  image  of  the  transmitter  in  a  nearby 
building,  or  a  diffracting  edge;  3)  an  equivalent 
receiver  point,  such  as  the  image  of  the  receiver  in  a 
nearhy  building  or  an  edge  near  it,  and  the  transmitter; 
or  4)  an  equivalent  receiver  point  and  equivalent 
transmitter  point.  For  each  VP,  there  is  an  SP 
which  is  perpendicular  to  the  VP  and  containing  the 
actual  or  equivalent  transmitter  and  receiver  points. 

Within  the  VP  or  SP  there  are  classes  of  rays  that  must 
be  considered  in  order  to  account  for  the  significant 
paths  between  the  transmitter  and  receiver.  In  the  VP 
the  ray  paths  that  must  be  considered  include  a  direct 
path  between  the  transmitter  and  receiver  via 
diffraction  over  the  tops  of  the  buildings  and 
reflection  near  the  transmitter  prior  and/or  near  the 
receiver  subsequent  to  the  diffraction  over  the  top  of 
the  buildings.  In  the  SP  the  significant  ray  paths  can 
be  considered  to  be  three  sub-classes  and 

includes:  those  rays  that  reach  the  receiver  by  multiple 
reflections  at  the  sides  of  the  buildings,  rays  that  are 
multiply  reflected  at  the  building  sides  and  undergo 
one  diffraction  at  a  vertical  comer  and  rays  that 
involves  two  diffractions  at  vertical  building  comers 
and  multiple  reflections  before,  between  and  after  the 
two  diffractions.  Finally  the  LOS  ray,  if  it  exist  will 
be  determined  in  both  the  VP  and  SP,  therefore  it 
should  be  included  in  the  SP  and  neglected  in  the  VP. 

4.4  Virginia  Tech  Model 

A  bmte  force  recursive  technique  is  used  to  trace  rays 
launched  from  the  transmitter  in  three  dimensions. 
Geometrical  optics  is  used  to  trace  the  propagation  of 
direct,  reflected,  and  scattered  fields.  The  transmitter  is 
modeled  as  a  point  source  generating  rays  uniformly  in 
all  directions.  Constant  angular  separation  between  the 
rays  is  achieved  by  launching  the  rays  through  the 
vertices  of  an  icosahedron  inscribed  in  an  unit  sphere, 
with  each  of  its  triangular  faces  subdivided  into 
smaller  triangles.  This  method  of  launching  rays 
provides  wavefronts  of  equal  shape  and  area  that  can 
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be  easily  subdivided.  While  this  method  is  more 
computationally  intensive  than  those  based  on  image 
theory,  it  is  much  more  flexible  since  different 
propagation  models  can  be  easily  incorporated.  The 
computational  demands  are  drastically  reduced  by 
using  bounding  volume  hierarchies  for  buildings  and 
exploiting  the  parallelism  of  a  network  of 
workstations,  the  computation  time  can  be  further 
reduced. 

The  energy  at  a  receiver  location  is  determined  by 
performing  a  non-coherent  superposition  of  the 
contributions  due  to  line  of  sight,  reflected,  and 
scattered  fields.  The  contribution  from  the  LOS  path  is 
calculated  using  the  two  ray  model.  The  reflected  ray 
follows  a  1/Z)^  dependence  according  to  the  Friis  free 
space  formula  where  D  is  the  total  ray  path  length.  The 
reflection  coefficients  are  varied  based  on  the  angle  of 
incidence  and  this  appears  to  give  better  predictions 
over  using  constant  values.  A  reception  sphere  is  used 
to  determine  the  reception  of  a  specular  reflected  ray  at 
a  receiver  location.  Rough  surface  scattering  is  taken 
into  account  by  subdividing  the  surface  into  several 
small  facets  (so  the  receiver  is  in  the  far  field), 
applying  the  bistatic  RCS  to  each,  and  then  doing  a 
non-coherent  summation  of  the  contribution  from  each 
facet.  In  heavily  shadowed  regions,  diffraction  is 
dominant  and  is  taken  into  account  with  wedge 
diffraction. 

5.  MEASUREMENTS 
5.1  Equipment  Description 

AT&T  owns  and  operates  two  test  vans  equipped  with 
electronic  equipment  for  collecting  propagation  data  in 
any  frequency  range  up  through  the  microwave  region. 
One  van  is  used  for  transmitting,  while  the  other  for 
receiving  RF  energy.  The  propagation  loss 
measurements  are  performed  by  locating  a  transmitter 
at  the  top  of  a  mast  on  the  street  level  parked  transmit 
van  or  on  a  building  roof  at  specific  sites  in  Rosslyn. 
Then  measurements  are  collected  by  the  receiving  van 
driving  down  a  particular  street  or  parked  at  a  specific 
site. 

The  transmit  van  has  various  synthesized  signal 
generators,  4  independent  "pods"  for  leveling 
capability  to  keep  the  antennas  vertical,  and  a  10  meter 
pneumatic  mast  upon  which  the  transmitting  antennas 
are  placed.  The  receive  van  houses  a  Data  Acquisition 
System  (DAS)  for  collecting,  storing  and  analyzing 
receive  signals,  a  Positional  Acquisition  System  (PAS) 
to  determine  the  van’s  location,  and  other 
miscellaneous  equipment.  Both  vans  operate  off  of 
10  kilowatt  gas  generators.  A  block  diagram  of  the 
receive  van  is  shown  in  Figure  3,  and  a  brief 
description  of  the  major  components  is  discussed 
below. 


The  DAS  consists  of  4  spectrum  analyzers,  signal 
generators  for  calibrations,  antennas,  LNAs,  cabling, 
and  a  Data  Acquisition  Computer  (DAC).  There  are 
two  operating  modes  available  from  the  AT&T  DAS: 
high  and  low  resolution.  During  high  resolution  data 
collecting,  the  DAC  samples  the  receive  power  form 
the  spectrum  analyzers  at  10,000  times  per  second  and 
stores  this  data  on  a  Bernoulli  floppy  disk  in  the  DAC. 
During  low  resolution  data  collecting,  the  receive 
power  is  sampled  at  10,000  samples  per  second,  then 
power  averaged  and  the  average  recorded.  While  the 
van  is  moving,  the  data  is  averaged  over  each  1  meter 
of  travel.  When  the  van  is  moving  less  than  1  meter 
per  second,  averaging  is  done  over  a  1  second  interval. 
The  DAS  appends  a  time  stamp  on  each  data  record  it 
stores  on  the  Bernoulli  floppy  disk  in  the  DAC. 

The  PAS  consists  of  a  Trimble  Differential  GPS 
system,  a  Loran-C  and  a  dead  reckoning  system.  If 
there  is  no  differential  solution  to  the  van’s  position, 
standard  GPS  is  used.  If  the  GPS  signal  is  insufficient, 
then  either  Loran-C  or  the  dead  reckoning  system  is 
used.  The  dead  reckoning  system  estimates  the 
position  of  the  van  by  a  magnetic  compass,  a  speed 
sensor  on  the  van’s  drive  shaft,  and  knowledge  of  the 
van’s  last  position.  About  every  5  seconds,  the 
location  of  the  van  is  placed  into  a  file  with  a  time 
stamp  on  the  Bernoulli  floppy  disk  in  the  DAC. 

5.2  The  Measurement  Program 

In  our  measurement  program  there  were  two  types  of 
antenna  heights  and  two  types  of  measurements  made. 
Ground  level  (from  2  to  10  meters)  and  rooftop  level 
antenna  heights  were  selected  to  test  the  two  and  three 
dimensional  models’  prediction  capability,  while  van 
receive  measurements  were  performed  as  either  a 
continuous  drive  (excluding  traffic  conditions),  or  a 
stationary  measurement.  Prior  to  data  collection,  FCC 
permissions  were  obtained,  and  area  surveys  were 
completed  to  ascertain  the  best  locations  for 
transmitting  antennas  and  optimum  drive  routes  for 
collecting  data.  Optimum  antenna  positions  were 
decided  as  a  compromise  between  the  available 
locations,  limitations  on  where  the  vans  could  be 
placed,  and  what  immediate  environment  would  best 
exercise  the  reflection,  diffraction  and  refraction 
capabilities  of  the  researcher’s  modeling  programs. 

Once  specific  locations  for  the  transmit  and  receive  (in 
the  case  of  stationary  measurements)  antennas,  were 
established,  position  measurements  referenced  to  the 
data  base  were  made  to  place  the  antennas  at  the 
intended  locations  to  within  about  1  meter.  The 
procedure  for  data  acquisition  was  simply  to  place  the 
transmitting  antenna  at  the  intended  location,  perform 
calibrations  to  assure  full  dynamic  range  of  the  DAS, 
and  collect  data  by  either  driving  the  receive  van  along 
the  streets  of  Rosslyn,  or  placing  the  van  at  the 
specified  locations  for  the  stationary  measurements. 
Unfortunately  for  the  data  collected  while  driving,  the 


8-5 


GPS  positioning  system  did  not  provide  consistently 
accurate  locations  for  the  van  in  the  downtown 
Rosslyn  area.  To  overcome  this  difficulty,  the  position 
of  the  van  was  determined  with  the  dead  reckoning 
system  using  a  known  starting  point.  Once  a  data  set 
was  collected,  it  was  plotted  and  analyzed  to  verify  its 
validity.  After  data  collecting,  the  DAS  would  be 
checked  for  any  calibration  drift.  If  any  significant 
drift  occurred,  or  the  data  appeared  to  be  invalid,  the 
data  set  would  be  repeated. 


6.  COMPARISON  OF  MEASUREMENTS  AND 
PREDICTIONS 

Figures  4-8  display  a  comparison  of  a  small  sample  of 
the  model  predictions  and  measured  data  for  a 
transmitter  site  and  receiver  locations  down  a 
particular  street  in  Rosslyn.  These  plots  show  the 
measurement  data  as  small  dots.  The  solid  line  depicts 
a  5  meter  local  average  of  the  measurements.  The 
various  predictions  are  displayed  as  marks  on  the 
plots;  AT&T  as  a  cross,  Penn  State  as  a  plus  sign. 
Polytechnic  as  a  diamond  and  Virginia  Tech  as  a 
circle.  Figure  4  shows  a  comparison  of  the  two 
dimensional  models  for  transmitter  2b  down  Moore  St. 
Transmitter  2b  used  omni-directional  antennas  at  an 
elevation  of  10  meters  two  blocks  east  of  Moore  St. 
Except  at  the  intersection  of  19th  St.  near  the  north 
end  of  Moore,  it  is  shadowed  from  this  transmitter  site 
by  buildings. 

Figures  5-8  display  comparisons  of  the  three 
dimensional  models  and  measurements.  Figure  5 
shows  Moore  St.  predictions  and  measurements  for 
transmitter  5.  Transmitter  5  used  directional  antennas 
pointing  down  Moore  St.  from  the  roof  of  a  40  meter 
high  building.  This  transmitter  had  a  clear  line  of 
sight  to  all  of  Moore  St.  Figure  6  shows  Lynn  St.  for 
transmitter  5.  Lynn  is  one  block  to  the  east  of  Moore 
and  is  mostly  blocked  by  buildings  from  transmitter  5. 
Figure  7  depicts  transmitter  6  for  Nash  and  19th  St. 
Transmitter  6  used  directional  antennas  aimed  to  the 
north-east  on  top  of  a  45  meter  high  building.  Nash  is 
to  the  west  of  transmitter  6  while  19th  St.  is  to  the 
north.  These  streets  have  both  line  of  sight  and 
blocked  regions  to  transmitter  6.  Figure  8  shows 
Colonial  Terrace  for  transmitter  7.  Colonial  Terrace 
loops  through  a  condominium  complex  of  two  to  three 
stoiy  brick  buildings  surrounded  by  many  trees. 
Transmitter  7  used  omni-directional  antennas  at  a  10 
meter  elevation  on  the  south  side  of  the  complex. 
Colonial  Terrace  has  a  clear  line  of  sight  back  to 
transmitter  7  at  the  beginning,  end  and  peak  in  the 
middle  of  the  plot.  Other  areas  are  blocked  by  the 
condominium  buildings. 
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Figure  2  -  Vertical  and  Slant  Planes  as  They  Intersect  the  Building  Database 


Figure  3  -  Receive  Van  Measurement  Equipment 
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Figure  4  -  Predicted  and  Measured  Propagation  Loss 
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Figure  5  -  Predicted  and  Measured  Propagation  Loss 
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Figure  6  -  Predicted  and  Measured  Propagation  Loss 
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Figure  7  -  Predicted  and  Measured  Propagation  Loss 
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DISCUSSION 


Discussor’s  name:  S.  Karp 

Comment/Question: 

Was  delay  spread  measured? 

Author/Presenter’s  reply; 

No. 

Discussor’s  name:  A.  Altintas 

Comment/Question: 

1 .  Did  you  compare  2-D  vs.  3-D  models  for  the  same  transmitter  position?  If  so,  do  you  think 
that  a  3-D  model  is  necessary  in  general? 

2.  Did  you  compare  your  results  with  the  Okumura-Hata  model? 

Author/Presenter’s  reply: 

1 .  In  our  experience,  a  3-D  model  is  necessary  for  roof-top  antennas,  but  not  necessary  if 
both  antennas  are  lower  than  the  roof  tops. 

2.  We  have  not  done  so,  but  believe  we  are  more  accurate. 

Discussor’s  name:  C.  Rigal 

Comment/Question: 

What  would  happen  to  the  model  for  a  transmitter  placed  on  a  satellite? 

Author/Presenter’s  reply: 

For  transmitters  placed  on  top  of  buildings,  few  rays  are  involved  but  they  change  rapidly  when 
the  receiver  is  moving.  For  that  reason  the  computation  may  be  more  complicated. 
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DISCUSSION 


Discusser’s  name:  F.  Davarian 

Comment/Question: 

Does  the  7  dB  model  agreement  indicate  RMS  eror,  absolute  error,  or  some  other  kind  of  error? 

Author/Presenter’s  reply: 

This  is  the  standard  deviation  of  the  difference  in  dB  between  each  measured  and  predicted  value 
of  path  loss. 

Discusser’s  Name:  G.  S.  Brown 

Comment/Question: 

Did  you  make  any  phase  measurements  and/or  phase  prediction  using  the  models? 

Do  you  plan  to  do  such  measurements  and/or  model  predictions  in  the  future? 

Author/Presenter’s  reply: 

We  have  not  made  phase  measurements.  We  have  no  plans  to  make  such  measurements. 


9-1 


Military  Applications  of  Site-Specific  Radio 

Modeling  and  Simulation 


Propagation 


Ronald  M  Bauman 
ARPAASTO 
3701  N  Fairfax  Drive 
Arlington  VA  22203-1714 
USA 


1.  Summary 

New  electromagnetic  propagation  code  suitable 
for  use  in  complex  urban  environments  has 
recently  been  developed  and  demonstrated  by  a 
collaborative  group  of  researchers  i.  These 
methods  use  a  combination  of  two-  or  three- 
dimensional  ray  tracing  reflection,  diffraction, 
diffuse  scattering,  and  transmission  rather  than 
electromagnetic  field  theory  to  solve  the  path 
loss  problem  2. 

Although  still  under  development,  initial 
versions  of  the  code  predict  propagation  in 
complex  urban  environments  with  useful 
accuracy.  Looking  beyond  this  research,  this 
paper  addresses  potential  military  use  of  site- 
specific  propagation  models  and  simulations, 
focussing  on  its  use  in  distributed  interactive 
simulations  (DIS). 

2.  Introduction 

“Uncertainty  will  be  the  norm  as  the  Army 
moves  into  the  21st  century  ...  the  Army  must 
be  structured,  trained,  equipped,  and  prepared 
for  maximum  flexibility ...  the  challenge 
today  is  to  determine  what  array  of  capabilities 
may  be  needed  to  perform  a  broader  range  of 
requirements ...  ”3  The  implications  of  this 
uncertainty  for  communication  and  intelligence 
and  electronic  warfare  (lEW)  planners  are  that 
they  need  to  prepare  for  operations  in  a  broader 
range  of  environments  and  with  greater 
constraints  than  classical  open  field  warfare. 

“We  are  entering  an  era  of  smaller,  mainly 
unconventional . . .  conflicts,  waged  for  the 
most  part  inside  rather  than  across . . .  national 


boundaries.”^  Recent  military  missions 
support  this  notion  in  that  they  have  occurred  in 
rolling  open  desert  and  in  urban  areas  in  the 
Gulf  war,  mountainous  and  urban 
environments  in  former  Yugoslavia,  small 
villages  in  Somalia,  and  in  die  jungles  of  South 
America. 

Short  range  radio  propagation  models,  such  as 
Longley-Rice,  TI^M  or  GELTI5,  work  well 
in  rolling,  outdoor,  uncluttered  electromagnetic 
(EM)  environments  in  supporting  military 
communication  and  lEW  warfare  planning  for 
ground  forces. 

The  empirically-derived  Hata  model  6  is  often 
used  to  estimate  path  loss  in  urban 
environments.  Neither  the  Hata  nor  other 
previously  mentioned  models  were  designed 
to  support  communication  and  lEW  planning 
in  complex  cluttered  EM  environments  where 
site-specific  communication  performance  may 
be  essential  to  mission  success.  Indeed,  until 
recently,  a  usefully  accurate  site-specific  model 
seemed  a  hopelessly  complex  notion. 

Lacking  site-specific  models,  commercial 
cellular,  PCS  and  other  mobile  communication 
network  planners  collect  site-specific  data 
empirically.  This  is  costly  and  time  - 
consuming  and  constrains  planning  flexibility. 
Military  planners  do  not  often  have  the  option 
of  using  empirical  site-specific  methods. 

Besides  the  military  impracticality  of  empirical 
techniques,  a  confluence  of  other  factors  is 
stimulating  the  need  for  new,  high  fidelity,  site 
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-  Specific  propagation  models  and  simulators 
that  work  in  a  wide  range  of  cluttered  EM 
environments.  These  include:  new  military 
roles  and  missions  with  emphasis  on  efficiency 
of  resources  and  the  need  to  extend 
communication  connectivity  to  individual 
combatants  7,  the  attractiveness  of  applying 
cheap,  commercial  radio  to  military  applications 
but  with  frequencies  new  to  the  military,  loss 
of  spectrum  for  military  use,  and  the  growing 
importance  of  (DIS)  in  supporting  mission 
training,  planning,  rehearsal,  and  evaluation. 

Given  the  need  for  site-specific  models  and 
simulations  to  support  EM-dependent 
applications,  there  are  significant  technical 
challenges  that  must  be  ^dressed  in 
developing  this  new  capability.  These  include: 
development  of  robust  and  efficient  EM  code 
that  can  achieve  timely  solutions  on 
workstation-level  machines,  rapid  generation  of 
accurate  three-dimensional  terrain  and  feature 
data  bases  to  support  propagation  models, 
creation  of  standards  to  support  transportability 
and  interoperability  of  terrain  and  other  data 
bases  that  interact  with  propagation  models  and 
simulations,  validating  and  building  confidence 
in  the  models  and  simulations,  supporting  real¬ 
time  communication  and  electromagnetic  sensor 
performance  predictions  within  interactive, 
distributed  simulations,  creating  a  simple-to- 
use  runtime  architecture,  and  achieving 
accuracy  over  a  wide  range  of  frequencies  of 
interest  to  lEW  and  communication 
applications. 

These  problems  are  becoming  tractable 
because  of  recent  advances  in:  electromagnetic 
modelling  techniques  which  have  recently  and 
successfully  been  applied  to  predicting 
propagation  in  Rosslyn  Virginia^,  workstation 
speed  and  data  storage,  interferometric 
synthetic  aperture  radar  (IPS  AR)  for  rapidly 
collecting  and  generating  accurate  digital 
terrain  elevation  data  (DTED)  bases,  and  DIS 
and  terrain  data  base  standards^  which  are 
based  on  open  systems  object-  oriented 
software  standards. 

3.  The  DIS  Latency  Problem 

DIS  deals  with  two  interrelated  problems:  the 


infrastructure  that  allows  linking  together  of 
various  types  of  simulations  at  multiple 
locations  and  creation  of  realistic,  complex 
virtual  worlds  for  simulating  highly  interactive 
activities. 

Entities  in  the  simulation,  whether  live  or 
virtual,  interact  with  each  other  by  broadcasting 
protocol  data  units  (PDU)  as  defined  in  IEEE 
1278.  PDUs  describe  an  entity’s  state  and 
entities  can  also  cause  events.  Knowledge 
about  events  is  broadcast  through  PDUs  to  all 
relevant  participants.  Tolerable  latency  for 
human  interactions  is  0.3  seconds.  Thus,  near 
real-time  updates  must  be  supported  throughout 
the  DIS  network. 

DIS  is  being  evaluated  for  use  in  supporting 
mission  planning  and  rehearsal  for  small  units. 
“To  be  of  value,  communications-effects 
models  and  simulations  must  faithfully 
reproduce  the  radio  connectivity  and  network 
effects  that  forces  will  encounter  as  they 
maneuver  across  the  battlefield’’io.  Simulations 
for  supporting  small  units  demand  high  fidelity 
in  terrain  and  feature  data  bases  and  in  the 
physical  models  that  affect  communication.  But 
demands  for  high  fidelity  and  real  time  are 
contradictory. 

High  fidelity,  i.e.,  site  specific,  models 
demand  high-speed,  high  computing-power 
workstations.  Models  developed  to  date  have 
focussed  on  prediction  fidelity  rather  than 
runtime  speed.  As  a  point  of  reference, 
workstations  require  minutes  to  hours  to  solve 
small  numbers  of  path  predictions  using 
models  based  on  three  dimensional  shooting 
and  bouncing  rays  (SBR)  with  multiple 
diffractions  n.  But  DIS  demands  solutions 
within  the  0.3  second  human  reaction  time. 

A  potential  way  around  the  latency  problem  is 
to  run  site-specific  models  off-line  for  a  large 
number  of  paths,  build  tables  of  path  loss,  and, 
where  needed,  multipath  structure,  for  the  areas 
of  interest,  and  distribute  tables  to  all  exercise 
participants.  During  runtime,  entities  would 
look  up  path  loss  and  other  important 
parameters  in  their  local  tables,  based  on  end 
points  of  the  communication  links  of  interest. 


9-3 


This  technique  may  work  when  applied  to 
constrained  communication  or  lEW  problems, 
e.g.,  cellular  base  station  network  design  or 
transportable  communication  infrastructures  or 
cases  where  at  least  one  end  of  the  radio  path  is 
fixed  and  known,  and  only  one  end  of  the  path 
is  mobile,  or  when  communication  antennas  are 
below  roof  tops,  thus  avoiding  the  need  to 
account  for  diffraction  over  a  third  dimension- 
the  roof  tops .  Other  constraints,  special  to  a 
particular  scenario,  could  be  imposed  to  reduce 
table  sizes,  for  example,  quantizing  areas  of 
loss  into  a  few  groups.  Without  constraints, 
complex  scenarios,  involving  mobile  entities 
interacting  with  other  mobile  or  fixed  entities  in 
the  presence  of  large  numbers  of  reflecting  and 
diffracting  surfaces,  e.g.,  houses  and  other 
buildings,  may  require  tables  too  large  to  be 
tractable. 

Another  way  around  the  latency  problem 
exploits  the  parallelism  inherent  in  the  SBR 
technique.  A  massively  parallel  processor 
would  be  used  as  a  runtime  server  to  solve  path 
loss  calculations  in  near  real  time  as  entities 
move  about  the  scenario  data  base. 

Given  the  fastest  of  the  techniques  used  in  the 
Rosslyn  test  requires  on  the  order  of  10s  of 
minutes  to  solve  several  paths,  the  speed-up 
required  to  meet  0.3  second  latency  is  on  the 
order  of  several  thousand.  Using  a  massively 
parallel  machine  with  the  equiv^ent  of  64,000 
processors,  speed-up  of  several  thousand-fold 
may  be  resizable.  Other  super  computer 
architectures  might  also  be  capable  of  a  several 
thousand-fold  speed-up. 

4.  Path  Loss  Runtime  Architecture 
Given  that  either  a  look-up  table  or  super 
computer  path  loss  server  solves  the  DIS 
latency  problem  for  site-specific  predictions, 
we  next  address  basic  architecture  issues 
involved  in  DIS  use  of  site-specific  prediction. 

Most  human-in-the-loop  (HIL)  DIS  simulations 
assume  perfect  communication,  which  in  turn, 
can  lead  to  skewed  resultsi2.  As  to  the  value  of 
adding  communication  detail  to  DIS,  “The 
effects  introduced  into  the  C2  system  by 


imperfect  communications  would  have 
profound  implications  regarding  human 
interaction  with  the  system.  The  behavior  of  an 
operator  may  differ  significantly  when  all 
information  is  received  correctly  and  on  time  as 
opposed  to  cases  where  data  is  missing  or 
corrupted”.  13 

Early  work  in  applying  propagation  predictions 
to  DISi4,i5  used  Longley-Ricei6  to  calculate 
the  path  loss  between  tank  simulators  in  a  fully 
distributed  architecture.  The  propagation  model 
and  terrain  data  base  reside  in  each  entity’s 
host.  Path  loss  calculations  involve  reading 
terrain  elevation  data  between  transmitter  and 
receiver  whenever  the  radio  of  interest  moves 
more  than  50  meters.  Line  of  sight 
determination  and  a  loss  factor  are  calculated 
for  each  transmitter  to  receiver  path. 

Each  entity  broadcasts  a  transmitter,  receiver, 
or  signal  PDU,  which  we  denote  TPDU, 

RPDU  and  SPDU  respectively,  to  advise  all 
others  in  the  simulation  of  state  changes  in  the 
transmitter,  receiver  or  signal.  The  SPDU 
supports  interactive  digitized  voice  or  data  in 
packetized  format. 

This  fully  distributed  architecture  works  well 
for  small  numbers  of  entities  but  does  not  scale 
to  large  numbers  of  entities  nor  where  high 
power  computing  is  needed.  The  limiting 
element  is  workstation  processing  power. 

A  basic  scalable  architecture  for  solving  the 
site-specific  path  loss  problem  is  shown  in 
Figure  1.  Terminal  entities  (TE)  may  be  live  or 
virtual,  machine  or  human,  stationary  or 
mobile.  Associated  with  each  TE  is  a  host 
computer  and  a  terrain  and  feature  data  base.  A 
path  loss  server  (PLS)  performs  all  processing¬ 
intensive  calculations  for  a  confederation  of 
TEs.  Terrain  and  feature  data  bases  may  be 
different  for  each  type  of  entity  and  for 
different  purposes,  e.g.,  EM  or  visualization. 

Humans  may  participate  in  DIS  events  as 
virtual  TEs  through  an  I-PORT17  or  as  live  TEs 
through  a  distributed,  mobile  embedded 
instrumentation  networkis.  Machines 
controlled  by  humans  may  participate  as  virtual 
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Figure  1.  Path  Loss  Basic  Runtime 
Architecture 


TEs  either  through  HIL  simulators  or  as  live 
TEs  through  a  distributed,  mobile 
instrumentation  network.  Computer  generated 
human  or  machine  constructive  entities  may 
also  be  TEs. 

5.  DIS  Scenario 

To  illustrate  how  site-specific  EM  interaction 
might  take  place  within  DIS  we  construct  a 
simple  scenario.  Assume  an  I-PORT  virtual  TE 
wishes  to  communicate  with  a  live  tank  TE  as 
an  event  within  a  larger  DIS  scenario.  To  stay 
within  limits  of  current  DIS  technology,  we 
assume  that  both  the  tank  TE  and  dismounted 
infantryman  I-PORT  TE  are  in  a  city  but  not 
within  visual  range  of  one  another.  To  simplify 
the  example,  we  ignore  details  about 
communication  protocols  and  signal  processing 
details  and  focus  on  propagation-related  events. 

I-PORT  initiates  a  voice  transmission  TPDU. 
At  the  same  time,  I-PORT  also  issues  an  entity 
state  PDU  (ESPDU)19.  The  local  I-PORT  host 
looks  at  the  TPDU  and  creates  a  multicast 
group  for  appropriate  TEs,  based  on  I-PORT’ s 


specific  transmitting  EIRP  as  a  function  of  I- 
PORT’s  posture,  overall  state  (e.g.,  alive,  with 
ample  energy,  located  at  X,  Y,  Z,  moving 
easterly  at  llalometer  per  hour),  antenna 
pattern,  range  of  other  TEs,  types  of  other  TEs, 
most  recent  other  TE  RPDUs  (are  other  TEs 
receivers  tuned  to  the  proper  channel?)  and 
ESPDUs,  and  other  filtering  criteria  aimed  at 
minimizing  network  and  oAer  TE  host  loading. 

If  at  least  one  potential  TE  is  in  the  multicast 
group,  the  TPDU  is  sent  through  the  DIS 
network  to  the  PLS  and  all  other  relevant  TEs 
in  the  multicast  group. 

TEs  that  receive  the  TPDU  from  I-PORT  begin 
their  calculations  to  determine  how  much 
energy  and  energy  spread  (if  time  and 
frequency  dispersions  are  important  and 
accounted  for)  they  are  receiving.  In  parallel, 
the  PLS  begins  the  SBR  and  refraction 
calculations  for  each  I-PORT-TE  path  in  the 
multicast  group,  based  on  TE  position  and 
motion  vectors  derived  from  ESPDUs  as 
related  to  the  terrain  and  feature  data  base. 

Upon  reaching  a  solution,  the  PLS  transmits 
path  loss  (and  possibly  energy  spread)  and 
angle-of-arrival  data  to  each  TE  in  the  original 
multicast  group  in  the  form  of  a  path  loss  PDU 
(PLPDU). 

Upon  receipt  of  the  PLPDU,  each  relevant  TE 
completes  its  calculations  to  determine  what 
action  to  take  as  a  result  of  the  I-PORT  TPDU 
and  the  PLS  PLPDU.  The  receiving  TE  may 
account  for  its  antenna  gain  pattern  relative  to 
its  local  orientation  and  angle-of-arrival  data.  A 
quantized  look-up  table  may  be  used  to 
determine  voice  quality.  Moreover,  since  this  is 
a  voice  communication  scenario,  the  receiving 
TE  knows  to  expect  additional  TPDUs  from  I- 
PORT  and  to  use  that  knowledge  to  either 
buffer  or  send  data  to  an  output  device  for  the 
human  tank  operators. 

PLS  also  knows  this  is  a  voice  communication 
application  and  can  anticipate,  based  on  dead 
reckoning  of  the  position  and  motion  vectors 
contained  in  the  ESPDUs  of  I-PORT  and  the 
other  TEs  in  the  relevant  multicast  group,  what 
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paths  in  the  near  future  are  likely  to  be  required 
for  path  loss  calculations.  Thus,  the  PLS  can 
anticipate  which  areas  of  the  terrain  and  feature 
data  base  are,  or  will  shortly  be,  active  and 
begin  calculations  in  these  areas. 

In  general,  knowledge  about  the  application,  in 
this  case  voice  communication,  the  motion  and 
position  of  TEs  within  the  terrain  and  feature 
data  base,  and  the  constraints  associated  with  a 
particular  type  of  TE  (e.g,,  a  tank  TE  is  more 
likely  to  be  in  streets  or  at  least  at  the  terrain 
level  of  an  urban  data  base  than  on  tops  of 
buildings),  will  provide  the  PLS  with 
additional  means  to  use  its  processing  power 
efficiently. 

We  can  create  an  EW  scenario  by  substituting  a 
live  jammer  for  I-PORT.  But,  instead  of 
launching  real  EM  power,  the  jammer  transmits 
PDUs.  Simulated  EM  power  would,  in 
general,  be  much  greater  for  a  jammer,  and, 
dierefore,  interference  with  a  larger  number  of 
TE  receivers  is  more  likely,  so  the  multicast 
group  in  this  scenario  would  tend  to  be  larger 
dian  in  the  communication  case.  Details  about 
effects  of  received  TPDUs  would  be  different, 
but  the  process  would  be  essentially  the  same 
as  for  the  communication  scenario. 

Effects  of  jamming  could  be  simulated  in  either 
real  or  virtual  communications  by  creating  bit 
error  patterns  in  the  victim  TE  data  output 
stream  or  by  other  local  means.  Alternatively, 
the  jammer  signal  could  be  constructed  to  form 
a  special  class  of  corrupted  communication 
signal  for  processing  by  the  victim  TE  receiver. 
In  any  case,  EW  and  victim  TE  could  be  any 
combination  of  live  and  virtual. 

Similar  strategies  may  be  applicable  to  signal 
interception  and  direction  finding  (DF) 
missions .  In  this  case,  the  intercept  receiver 
TE  would  receive  simulated  signals  via  PDUs 
in  the  same  way  as  in  the  communication 
scenario.  Control  panel  settings  on  the  real  or 
virtual  intercept  receiver,  in  combination  with 
look-up  tables,  would  determine  output  signal 
or  angle  of  arrival  information.  Some  missions 
may  require  local  complex  algorithmic 
processing  instead  of  or  in  combination  with 


table  look-up.  For  this  special  case,  the 
intercept  host  may  need  to  be  unique  but 
otherwise  conform  to  DIS  standards  for 
interoperability. 

6.  Terrain  and  Feature  Data  Base 
Acquisition 

Host  and  PLS  processors  are  challenged  by  the 
combination  of  DIS  and  site-specific  prediction 
processing  load.  Therefore,  minimizing  data 
base  complexity  is  worthwhile.  One  way  to  do 
this  is  to  require  no  more  detail  than  is  essential 
for  a  given  TE’s  data  base.  Different  versions 
of  the  data  base  may  be  resident  in  a  TE’s  host, 
denoted  in  Figure  1  by  small  case  letters.  A 
data  base  designed  to  support  a  TE  operating  at 
lOGHz  may  contain  more  detail  than  is  needed 
for  operation  at  lOMHz. 

More  often,  too  little  rather  than  too  much 
terrain  and  feature  data  is  the  problem.  Highly 
accurate  three  dimensional  terrain  and  feature 
data  bases  are  not  generally  available20. 
Although  photogrammetric  techniques  have 
been  successfully  applied  to  site-specific 
propagation  problems  they  are  manually 
intensive  and  slow.  However,  the  Advanced 
Research  Projects  Agency  (ARPA)  is 
developing  techniques  to  rapidly  and 
automatically  produce  digM  terrain  elevation 
data  bases  21. 

High  fidelity  photogrammetric  data  bases  are 
obtained  by  aircraft  overflight  of  the  area  of 
interest.  As  a  photographic  technique,  this 
process  requires  good  lighting,  good  weather, 
and  low  overflight  altitude  (a  few  thousand 
feet).  These  requirements  may  be  difficult  to 
realize  in  military  operations,  especially  where 
quick  reaction  is  needed. 

Interferometric  Synthetic  Aperture  Radar 
(IFS  AR)  is  an  emerging  technology  that  has 
potential  to  produce  high  fidelity  digital  terrain 
elevation  data  bases22.  IFS  AR  overflights  can 
be  much  higher  and  can  tolerate  greater 
standoff  distances  than  photogrammetric 
missions.  Moreover,  X-  band  radar  used  in  the 
JPL IFSAR  system  is  robust  to  mild  weather 
and  can  be  operated  in  darkness. 
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Accuracy  of  the  resulting  digital  elevation  map 
of  the  Fort  Irwin  area  is  on  the  order  of  1  to  3 
meters  and  can  be  improved.TOPS  AR  has  also 
been  used  to  generate  DEM  of  urban  areas  at 
nominally  100  square  kilometers  per  hour23. 

Because  of  its  robustness,  accuracy  and 
acquisition  rate,  IFSAR  holds  promise  as  a 
means  to  rapidly  generate  digM  elevation  maps 
(DEM)  of  areas  of  interest. 

Whether  by  photgrammetric,  IFSAR  or  other 
means,  acquiring  DEM  is  the  first  step  in  a 
process  to  prepare  a  data  base  for  use  by  the 


Figure  2.  Terrain  and 
Feature  Data  Base  Process 


propagation  code.  Figure  2.  depicts  a 
simplified  flow  diagram  of  a  process  to 
produce  a  terrain  and  feature  data  base  ready 
for  interaction  with  propagation  code. 

The  process  begins  with  an  assignment  of  a 
photogrammetric  or  IFSAR  mission  to  acquire 
a  DEM  of  given  resolution  and  accuracy  for  an 
area  of  interest.  DEM  includes  the  terrain  and 


features  on  the  terrain. 

Next,  features  of  importance  to  EM 
propagation,  e.g.,  buildings,  streets  and  trees, 
must  be  identified,  and  feature  facets  labeled. 
EM  parameters,  e.g.,  reflection  coefficient, 
must  be  assigned  to  each  facet.(This 
corresponds  to  surface  texturing  in  the 
visualization  data  base  process  and  might 
thereby  be  called  radio  or  EM  texturing). 
Attribute  assignment  may  require  input  from 
separate  data  bases  and  may  require  human 
judgement. 

For  example,  where  regions  of  the  DEM 
include  forest  or  mountains,  other  modular 
models  specifically  designed  to  treat  these 
specific  types  of  features  24  zs^may  be 
introduced  into  the  process.  Correlation  of  EM 
attributes  with  intelligence  surface  feature  data 
bases  may  be  helpful  in  speeding  up  or 
automating  the  process. 

Geophysical  and  meteorological  effects26  may 
also  have  to  be  accounted  for  by  other  modular 
models.  Although  these  effects  are  not 
attributes  of  the  urban  features,  they  may  affect 
long  ray  paths.  Bodies  of  water  and  littoral 
boundaries  may  also  have  to  be  accounted  for 
with  special  modules. 

Once  relevant  facets  and  their  attributes  are 
labeled,  and  other  relevant  propagation-related 
effects  are  accounted  for,  they  can  be  combined 
with  the  terrain  data  base,  which  might  be  in 
the  form  of  triangulated  irregular  networks27 
often  used  to  represent  surfaces  for 
visualization.  A  combined  terrain  and  radio- 
textured  feature  data  base  is  needed  to  interact 
with  the  propagation  code. 

7.  Military  Communication  Models 

Military  planners  are  usually  interested  in 
communication  performance  rather  than  path 
loss  or  signal  dispersion.  Depending  on  its  use, 
the  communication  model  or  simulation  would 
take  different  forms. 

For  realtime  DIS  events,  path  loss  and 
dispersion  are  appropriate.  As  addressed  earlier 
in  ±is  paper,  the  nature  of  received  signals  is 
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determined  locally  from  information  derived 
from  the  DIS  network.  Realtime  DIS  events 
include  mission  rehearsals,  mission  evaluation 
and  joint  training  events. 

For  mission  planning,  communication 
performance  in  specific  geographic  areas  must 
be  determined  for  a  set  of  specific 
communication  assets  e.g.,  nomenclatured 
radios  and  antennas.  In  this  case  realtime 
processing  is  not  necessarily  a  requirement 
and,  therefore,  longer  solution  times  may  be 
tolerable. 


Figure  3.  Communication  Model 

The  mission  planning  model  might  take  the 
form  of  Figure  3.  In  running  the  model,  the 
mission  planning  operator  determines  the 
geographic  area  of  interest,  the  communication 
assets  which  either  are  to  be  used  or  evaluated 
and  the  desired  output  format. 

The  output  format  may  take  the  form  of  a  signal 
quality  map  of  the  area  of  interest,  or  it  might 
highlight  the  differences  in  performance 


between  alternative  radio  assets,  or  for  a  given 
radio  asset  the  differences  in  performance  as  a 
function  of  frequency,  or  optimum  locations 
for  a  set  of  transmitter  sites. 

The  output  display  or  record  may  indicate  a 
quantization  of  the  communication 
performance,  e.g.,  bit  error  rate  or  signal-to- 
noise  ratio,  or  “go,  no-go”  areas. 

8.  Military  Missions 

Military  planners,  in  deciding  where  to  locate 
bases,  use  a  combination  of  elevation  maps, 
physical  and  political  attributes  of  perspective 
sites.  Site-specific  propagation  models  would 
be  an  additional  tool  to  help  decide  base 
locations  and  in  predicting  areas  of 
communication  coverage  or  outage.  Being  able 
to  communicate  reliably  with  each  element  of  a 
task  force  is  vital  to  situational  awareness. 

In  Somalia,  lack  of  situational  awareness  was 
often  attributed  to  lack  of  communications.  In 
this  peacekeeping  mission,  accurate  knowledge 
of  the  location  of  poor  communications  would 
have  been  valuable  to  planners  and  to  the 
tactical  forces. 

In  areas  like  the  former  Yugoslavia,  knowledge 
of  the  border  location  in  this  area  is  vital  to  the 
peacekeeping  mission  and  knowledge  of  the 
location  of  peacekeepers  is  also  vital.  As 
borders  are  generally  unmarked  in  this  region, 
a  system  called  “Soldier  911”  was  developed  to 
keep  track  of  i^acekeepers  patrolling  the  border 
and  their  position  relative  to  the  border. 
Through  use  of  Global  Positioning  Satellite 
(GPS)  receiver  and  a  radio  to  report-back 
position,  the  system  warns  the  soldier  as  he  or 
she  approaches  the  border  and  also  provides 
voice  connection  with  headquarters. 

Unplanned-for  radio  or  GPS  outages  could 
lead  to  border  breeches.  Thus,  the  ability  to 
accurately  predict  radio  and  GPS  signal  quality 
is  important  and  of  current  interest  in  planning 
military  missions. 

Also  of  current  interest  is  the  ability  to  predict 
radio  navigation  performance  in  urban 
environments.  Tests  in  New  York  city  revealed 
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that  the  LORAN  magnetic  field  is  generally 
more  available  than  GPS28.  A  combination  of 
the  two  radionavigation  systems,  an  accurate 
clock,  and  an  inertial  system  can  significantly 
increase  the  availability  of  good  navigation 
fixes  throughout  the  city  29. 

A  model  built  by  the  US  Army  Electronic 
Proving  Grounds30  predicts  the  number  of 
paths  from  an  urban  location  to  GPS  satellites. 
This  model  also  requires  detailed  urban, 
suburban  and  mountainous  terrain  and  feature 
data  bases  to  support  site-specific  navigation 
performance. 

9.  Future  Developments 

Current  work  in  site  specific  prediction3i,32 
addresses  nominally  800  MHz  to  2000MHz. 
Military  communications  must  be  able  to 
compatibly  operate  within  world-wide 
frequency  allotments  which,  in  some  areas  of 
the  world  are  established,  but  in  others  are 
not33. 

Tactical  military  communications  extends  from 
low  VHP  to  microwave  frequencies  near  the 
infrared.  Moreover,  radio  navigation  systems 
of  potential  interest  to  urban  tactical  missions 
work  at  frequencies  near  200kHz.  EW  sensors 
and  transmitters  operate  over  a  similar 
frequency  range  Thus  there  is  need  to  extend 
the  current  work  to  cover  the  broad  range  of 
frequencies  of  tactical  interest  to  the  military. 
As  a  minimum,  it  is  important  to  understand 
and  characterize  the  frequency  limits  of  current 
site-specific  models. 

Spectrum  for  military  use  is  dwindling  and 
therefore  efficient  use  of  remaining  spectrum  is 
of  growing  importance.  Solving  military  cosite 
interference  problems  is  often  at  odds  with  the 
notion  of  efficient  spectrum  management, 
although  much  effort  is  devoted  to  balancing 
the  two  problems34. 

Cosite  interference  is  often  addressed  by 
avoiding  use  of  precious  but  otherwise  useful 
spectrum.  In  urban  environments,  classical 
cosite  avoidance  techniques  would  not  make 
efficient  use  of  spectrum  because  uncertainties 


about  signal  strength  are  large.  Site-specific 
prediction  tools  would  be  helpful  in 
determining  frequency  reuse  in  urban  areas  by 
identifying,  with  some  degree  of  precision, 
signal  strengths  over  the  area  of  interests.  With 
this  knowledge,  interference  can  be  avoided 
by  integrating  site-specific  signal  strength 
information  with  classical  frequency  planning 
codes. 

High  altitude  platforms,  e.g.,  satellites, 
unmanned  air  vehicle  (UAV)  or  other  aircraft, 
can  be  used  as  relays  or  base  stations  to 
support  range  extension  of  tactical 
communications  or  connectivity  within  an  area 
of  interest.  Site-specific  propagation  code 
should  be  extended  to  evaluate  communication 
and  EW  performance  between  mobile  or  fixed 
TEs  in  the  urban  environment  and  high  altitude 
platforms. 

Obtaining  high  fidelity  urban  DTED  with 
correlative  EM  attributes  is  manually  intensive, 
slow  and  expensive.  Research  in  automating 
the  process  of  feature  extraction  for  visual  use 
35  promises  to  address  these  problems. 
Although  the  research  focusses  primarily  on 
supporting  advanced  DIS  for  human 
visualization,  it  appears  that  it  might  also  be 
extended  to  support  EM  simulations  in  urban 
environments. 

Although  this  paper  addresses  only  urban 
outdoors  EM  modeling  applications,  clearly 
there  is  also  a  need  to  extend  this  work  to 
address  urban  indoors,  and  indoors-outdoors 
models.  The  techniques  already  established  for 
the  outdoors  case  may  be  more  than  adequate  to 
handle  the  indoors  case.  However,  obtaining 
high  fidelity  building-specific  EM  data  bases 
may  present  the  military  a  formidable  problem. 

10.  Summary  and  Conclusions 

This  paper  addresses  potential  uses  of  site- 
specific  propagation  code  to  support  tactical 
military  planning,  training  and  operations. 
Non-real  time  applications  of  site-specific  code, 
such  as  mission  planning,  communication 
planning,  communication,  intelligence  or  EW 
system  evaluation,  can  be  supported  with 
workstation-  class  processors.  The  several 
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hours  of  processing  required  to  plan  missions 
in  complex  urban  areas  may  be  acceptable  in 
these  cases. 

However,  for  real  time  applications,  e.g., 
human-in-the-loop  DIS  training  or  mission 
rehearsal,  or  even  real-time  communication 
support  to  real  missions,  significant  speed-up 
in  run  time  code  and  faster  processing  is 
required.  The  use  of  a  massively  parallel  or 
other  super  computer  as  a  real-time  server  is 
proposed  as  a  DIS  network  element  for  solving 
DIS  latency  requirements.  A  notional  mntime 
architecture  is  developed  for  supporting  real  - 
time  DIS-based  simulations. 

Live  training,  test  and  evaluation  or  mission 
planning  events,  especially  in  the  EW  case, 
gain  an  added  degree  of  flexibility  by 
simulating  rather  than  emitting  real  EM  energy. 
Site-specific  DIS-based  simulations  can 
support  realistic  training  of  EW  or  signals 
intelligence  personnel  without  the  need  for 
radiating  either  high  power  or  classified 
signals. 

Realistic  training  and  rehearsal  can  be 
supported  for  individual  combatants  through 
the  use  of  I-PORTs  equipped  with  DIS-based 
communication.  The  vision  for  such  capability 
is  contained  in  General  (Retired)  Paul  F. 
Gorman’s  paper  36,  Soldiers  or  Marines  in  I- 
Ports  would  enter  and  move  through  a  virtual 
representation  of  a  real  city  and  rehearse  their 
mission  with  realistic  communications,  ranging 
from  perfect,  to  slow  fading,  to  periodic 
outages  and  reconnections,  simulated  by  site- 
specific  communication  models  running  in  real 
time. 

Thus,  trainees  would  experience  realistic 
communications,  and  designers,  working  with 
the  trainees,  would  learn  where  improvements 
are  required. 
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DISCUSSION 


Discusser’s  name:  J.  Harvey 

Comment: 

For  the  US  Army  the  problem  of  modeling  propagation  in  a  complex  terrain  environment  is  further 
complicated  by  the  requirement  for  a  distributed  communication  net.  Empirically  “running  the 
terrain”  will  work  for  a  fixed  base  station  system,  but  for  many  moving  stations  distributed 
throughout  the  terrain  it  is  necessary  to  model  and  understand  the  details  of  the  propagation. 


Discusser’s  name:  F.  Davarian 

Comment/Question: 

For  satellite  application  what  frequency  will  the  model  be  extended  for? 

Author/Presenter’s  reply: 

Frequencies  in  the  military  communication  band  UHF,  C  Band,  K  band,  and  commercial 
frequencies  of  interest  to  the  military. 
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DISCUSSION 


Discusser’s  name:  D.  Yavuz 


Comment/Question: 

This  question  is  for  the  presenters  of  papers  6  and  as  well. 

Are  there  any  chaotic/fractal  effects  that  are  anticipated  since  there  are  highly  non-linear 
relationships  involved  in  the  processes  modeled.  In  other  words  are  you  worried  about  “butterfly 
effects”. 

Author/Presenter’s  reply: 

P.G.V.  Charriere  &  K.  Craig:  {Paper  6) 

You  can  predict  fast  fading  effects  around  a  given  position  of  a  receiver  (within  a  radius  of  a  few 
wavelengths  at  most).  This  method  assumes  that  in  this  area  that  the  paths  connecting  receiver 
and  transmitter  vary  smoothly.  It  is  certainly  true  that  approximations  are  made  (e.g.  ignoring 
diffraction  at  millimetre  waves)  which  can  produce  discontinuities  in  the  result  as  initial  conditions 
are  changed  (eg:  change  of  transmitter  position).  However,  this  is  not  true  chaotic  behaviour,  and 
we  believe  that  the  errors  are  bounded  and  quantifiable. 

R.  Luebbers:  Paper  (8) 

We  are  not  attempting  to  predict  fast  fading.  We  have  not  observed  that  small  errors  in  the 
building  geometries  can  produce  large  errors  in  the  predictions. 

R.  Baumann:  (Paper  9) 

We  have  therefore  not  undertaken  a  formal  non-linear  analysis  of  the  errors  we  have  measured. 
That  is  not  to  say  we  may  not  do  so,  if  we  observe  say  evidence  of  chaos  as  the  work  progresses. 
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SUMMARY 

For  decades,  communicators  have  been  concerned  with  radio 
frequency  (RF)  propagation  path  loss  through  foliage.  This 
paper  describes  the  development  and  implementation  of  the 
Electromagnetic  Wave  Attenuation  in  a  Forest  (EWAF) 
propagation  path  loss  model,  which  uses  conventional  inputs 
to  estimate  plausible  foliage  losses.  The  EWAF  is  an 
elementaty,  heuristically  based  foliage  propagation  path  loss 
model  which  represents  a  forest  as  a  dissipative  dielectric  slab 
lying  in  a  more  lossy  half-space  representative  of  the  ground. 
Modeling  the  foliage  by  a  dielectric  slab  will  provide  an 
estimate  of  foliage  path  loss  in  excess  of  free  space  (EPL) 
expected  in  situations  where  meager  information  is  available 
regarding  the  wood  density  and  other  electrical  parameters  of 
the  forest.  The  EWAF  model  uses  empirical  foliage  path  loss 
information  as  a  basis  and  is  therefore  closely  coupled  to 
actual  path  losses  encountered  in  real-world  situations.  The 
EWAF  model  is  not  a  rigorous  attempt  to  solve  the  electro¬ 
magnetic  wave  equations  at  the  boundaries  of  the  different 
representative  dielectric  slabs.  Rather,  EWAF  is  essentially  a 
family  of  curve-fitting  algorithms  based  on  previously 
measured  data  for  sparse  and  dense  forests  in  the  United 
States  and  Germany,  as  well  as  very  dense  forests  in  India, 
where  the  mean  annual  rainfall  is  about  3000  millimeters. 

The  EWAF  model  includes  several  features;  the  effects  of 
antennas  within  the  forest,  outside  the  forest,  and  above  the 
forest;  wave  polarization;  forest  density;  canopy,  trunk,  and 
undergrowth  losses;  antenna  beamwidth;  wet  foliage;  lush 
foliage;  and  other  physical/forest  conditions.  It  is  presently 
resident  on  a  Sun  SPARC  network  and  provides  a  good 
estimator  for  EPL  due  to  foliage  anywhere  in  the  world. 

1.  INTRODUCTION 

Over  the  past  30  years,  measurements  and  analyses  have 
shown  that  actual  losses  encountered  within  forests  are 
considerably  less  than  had  been  estimated  for  propagation 
paths  straight  through  foliage.  Pounds  and  LaGrone' 
hypothesized  in  1963  that  propagation  loss  through  foliage 
could  be  represented  by  propagation  through  a  dielectric  slab, 
where  the  antennas  are  submerged  in  the  dielectric  media. 

Tamir^’^  expanded  this  concept  by  developing  the  mathematics 
describing  the  dielectric  slab  propagation  phenomenon.  The 
literature  contains  much  measured  data  for  propagation  losses 
through,  around,  and  in  the  vicinity  of  foliage.  Although 
mathematical  models  have  been  prepared  that  describe  this 


propagation,  very  little  has  been  done  to  provide  communi¬ 
cators  with  a  computerized  tool  for  predicting  foliage  losses. 

This  paper  describes  a  first  step  in  the  development  of  the 
EWAF  computer  model,  which  uses  plausible  inputs  to 
estimate  foliage  losses.  The  model  can  be  used  by  communi¬ 
cations  engineers  to  obtain  an  estimate  of  propagation  losses 
through  a  forest  or  other  foliage  situations  expected  for  a 
given  set  of  operating  conditions.  The  estimates  will  be  useful 
for  communications  planners  in  situations  where  transmitter 
and  receiver  antennas  (or  perhaps  only  one)  will  be  immersed 
in  foliage.  Representing  the  foliage  by  a  dielectric  slab  will 
provide  an  estimate  of  foliage  losses  which  could  be  expected 
in  situations  where  meager  information  is  available  regarding 
the  wood  density. 

The  information  available  on  propagation  loss  through  foliage 
sometimes  refers  to  the  area  in  square  feet  of  wood  per  acre 
of  forest  and  assumes  a  uniform  density  throughout  the 
forested  region.  In  most  instances,  it  is  not  possible  to 
measure  the  wood  density  per  acre.  Furthermore,  for  large 
forested  areas,  the  forest  density  is  quite  variable. 

The  EWAF  model  is  not  a  rigorous  mathematical  treatment  of 
a  forest  represented  by  a  dielectric  slab.  It  is  actually  based 
upon  previously  measured  data  for  sparse  and  dense  forests  in 
the  United  States  as  well  as  very  dense  forests  in  India,  as 
described  by  Tewari  et  aU',  where  the  average  annual  rainfall 
ranges  to  3000  millimeters.  The  model  was  implemented 
using  Ada  programming  language  and  is  part  of  a  larger 
graphic  user  interface  interactive  engineering  tool,  the 
Analysis  Software  Environment.  The  model  is  resident  on  a 
Sun  network  at  the  Electronic  Proving  Ground,  Fort 
Huachuca,  Arizona,  of  the  White  Sands  Missile  Range. 

2.  PROPAGATION  THROUGH  A  DIELECTRIC  SLAB 

Radio  (or  electromagnetic)  waves  passing  through  foliage 
represented  by  a  lossy  dielectric  slab  commonly  incur  path 
loss  rates  of  perhaps  0.25  decibels  per  meter  (dB/m)  in  excess 
of  free  space  [referred  to  as  excess  path  loss  (EPL)],  For  path 
lengths  of  1  kilometer,  for  example,  the  attenuation  of  a  wave 
due  to  foliage  would  be  250  dB.  Communication  over  radio 
links  having  such  losses  would  usually  be  impossible  or  very 
difficult.  However,  experimental  results  Indicate  that  the  EPL 
due  to  foliage  is  actually  much  less,  more  like  40  or  50  dB  at 
400  megahertz  (MHz). 

These  differences  between  expected  and  actual  results  led 


Paper  presented  at  the  AGARD  SPP  Symposium  on  “Digital  Communications  Systems:  Propagation  Effects, 
Technical  Solutions,  Systems  Design”,  held  in  Athens,  Greece,  18-21  September  1995  and  published  in  CP-574. 
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Pounds,  LaGrone,  and  Tamir  to  the  dielectric  slab  theory, 
where  the  wave  travels  up  through  the  medium  (incurring  high 
losses)  and  then  travels  laterally  along  the  boundaiy  region  at 
a  much  lower  loss  rate.  Figure  1  depicts  the  propagation  path 
geometry.  This  propagation  in  the  boundary  region  is  called 
the  lateral  wave  and  allows  communication  over  much  greater 
distances  than  would  be  possible  otherwise. 


Figure  1 .  Propagation  path  along  a  dielectric  slab 


When  the  RF  propagation  is  compared  to  optics  and  the 
refraction  encountered  when  a  wave  passes  from  a  more  dense 
medium  to  a  less  dense  medium,  the  geometry  becomes 
equivalent  to  Figure  2.  (The  more  dense  medium  is  the  forest, 
the  less  dense  medium  is  the  air.)  A  large  portion  of  the  wave 
escapes  through  the  boundary  into  space  for  high  angles  of 
incidence  with  the  boundary  region.  As  the  angle  of  incidence 
decreases,  the  refracted  wave  at  the  surface  becomes  more 
nearly  parallel  to  the  boundary.  At  a  critical  angle  of 
incidence,  the  wave  travels  parallel  to  the  air-forest  boundary 
and  forms  the  lateral  wave,  which  incurs  fairly  low  loss  and 
permits  communication  over  extended  distances.  Associated 
with  the  lateral  wave  is  a  lossy  wave,  called  the  leakage  field, 
that  travels  back  down  into  the  dielectric  slab.  The  leakage 
field  provides  the  route  down  to  the  receiving  antenna,  which 
may  be  submerged  in  the  forest  at  some  distance  from  the 
transmitting  antenna.  The  leakage  field  is  mostly  attenuated  by 
the  forest  and  the  underlying  ground  and,  for  practical 
purposes,  does  not  reflect  back  out  of  the  forest.  The  receiving 
antenna  may  be  within  the  forest,  above  the  forest,  or  beyond 
the  forest.  The  model  handles  these  cases  when  the  distance 
from  the  forest  is  not  more  than  two  or  three  forest  heights 
(see  para  H).  Below  the  critical  angle  of  refraction,  the  wave 
is  reflected  back  into  the  lossy  dielectric  and  is  highly 
attenuated  by  the  foliage  and  earth  beneath. 


and  the  through-foliage  loss  for  various  frequencies  is 
represented  by  the  equation; 

=  -20  log  e  (1) 


where 

Lb  = 

loss  rate  in  dB/m  (in  the  forest) 

e 

2.71828 

a  = 

conductivity  in  siemens 

f  = 

frequency  in  MHz. 

This  is  the  theoretical  rate  of  attenuation  of  radio  waves 
passing  through  a  thin  screen  of  trees  as  derived  from  Tamir’s 
work  by  F.A.  Losee*  and  further  evaluated  by  Kivett  and 
Diederichs*.  This  represents  the  propagation  losses 
experienced  by  a  direct  wave  through  foliage  and  has  close 
agreement  with  empirically  collected  data.  The  family  of 
curves  for  various  conductivities  representing  this  loss  is 
shown  in  Figure  3.  The  conductivities  are  directly  related  to 
the  densities  of  the  forested  region.  The  top  curve  represents 
a  very  dense  forest  and  the  bottom  curve  represents  sparse 
forest  conditions.  In  the  EWAF  model,  the  engineer  can  select 
the  forest  density  (represented  by  the  conductivity)  of  the  area 
for  which  estimates  are  desired. 


Figure  3.  Frequency  versus  loss  rate  for 
several  conductivities 


Figure  2.  Refraction,  reflection,  and  lateral  waves 
and  leakage  field  due  to  differences  in  medium  density 


3.  ESTABLISHING  FOLIAGE  LOSS  RATE 

The  relationship  between  the  conductivity  of  the  forest  slab 


Data  are  not  available  for  all  effects  at  all  frequencies.  Most 
effects  are  known  at  certain  frequencies;  for  example,  recent 
rain  on  a  certain  forest  at  437  MHz  was  known  to  cause  3-dB 
increase  in  path  loss  over  a  known  path.  This  can  be  equated 
to  a  specific  increase  in  the  conductivity  of  the  forested 
region.  Solving  Equation  1  for  conductivity  yields: 

.OO33136L4  (2) 

where  ^ 

Lfc  =  loss  rate  in  dB/m 

a  =  conductivity  in  siemens 

f  =  frequency  in  MHz. 

Equations  1  and  2  can  be  used  to  calculate  conductivity  at  a 

certain  frequency  from  a  known  path  loss  under  particular 
foliage  conditions  and,  from  this  value,  determine  the  path 
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loss  at  other  frequencies  for  these  same  conditions.  The 
EWAF  model  makes  extensive  use  of  this  technique  to  eval¬ 
uate  the  effect  of  the  density  of  the  undergrowth,  leaf  moisture 
content,  rain-wet  foliage,  and  other  conditions  of  the  forested 
region  which  change  the  conductivity  of  the  dielectric  slab. 
The  lateral  wave  loss  rate,  typieally  one-tenth  to  one-fifteenth 
of  the  foliage  loss  rate,  is  similarly  adjusted. 

While  Equation  1  fits  most  of  the  empirical  data,  some 
empirical  data  may  show  greater  or  lesser  changes  with 
respect  to  frequency.  Some  are  not  hard  data  and  may  have 
been  taken  at  a  limited  number  of  frequencies  (as  little  as 
two).  Such  a  small  sample  may  not  be  representative  of  the 
true  variation  of  foliage  loss  rate  with  change  in  frequency. 
Often,  an  author  will  have  a  limited  amount  of  data  and  will 
draw  a  foliage  loss  curve  through  the  data  without  considering 
the  normal  signal  strength  variations.  Such  a  curve  cannot  be 
satisfactorily  extrapolated  to  other  frequencies. 

4.  EFFECT  OF  WAVE  POLARIZATION 

Most  of  the  available  empirieal  data  show  an  increase  in 
foliage  loss  for  vertically  polarized  electromagnetic  waves. 
The  Consultive  Committee  on  International  Radio  (CCIR)  has 
issued  a  recommendation^  which  includes  the  added  losses 
encountered  when  using  vertical  polarization.  The 
recommendation  covers  the  propagation  losses  for  "an 
approximate  average  for  all  types  of  woodland."  The  CCIR 
data  are  plotted  in  Figure  4. 


Figure  4.  Specific  attenuation  of  woodland 
(CCIR  1992) 

The  CCIR  recommendation  regarding  polarization  was 
incorporated  into  the  foliage  loss  model  for  frequencies  below 
1.3  gigahertz  (GHz).  The  EWAF  model  improves  somewhat 
on  the  CCIR  recommendation  by  allowing  for  differences  in 
vegetation  through  changes  in  conductivity  of  the  dielectric 
forest  slab. 

5.  ANTENNA  BEAMWIDTH  EFFECTS 
The  beamwidths  of  the  transmitting  and  reeeiving  antennas 
play  a  significant  role  in  the  additional  losses  experienced  due 
to  propagation  through  foliage.  This  is  particularly  true  for 
microwave  links  or  tropospheric  scattering  links.  When 
microwave  or  tropospheric  scattering  links  are  established 
within  a  forest,  planners  must  take  into  account  that  the 
maximum  range  will  be  considerably  reduced  from  operation 
not  in  a  forest.  The  increased  path  attenuation  calculation  in 
the  EWAF  model  is  based  upon  the  antenna  response 


characteristics  off-boresight  for  narrow  beamwidth  antennas. 

6.  FOLIAGE  WATER  CONTENT 

Most  researchers  who  collect  empirical  data  in  the  field 
conclude  that  the  attenuation  in  a  forested  region  is  primarily 
due  to  the  amount  of  moisture  on  or  within  the  vegetation.  To 
quantify  this  effect,  most  data  collectors  accompany  the  data 
with  comments  regarding  the  lushness  of  the  vegetation  and 
the  presence  or  absence  of  moisture  on  the  foliage.  The 
preparers  of  the  EWAF  model  gave  special  attention  to  these 
parameters.  Within  the  model,  the  conductivity  of  the 
dielectric  slab  is  adjusted  to  reflect  comments  regarding 
moisture  on  the  foliage,  lushness  of  the  canopy,  and  lushness 
of  the  undergrowth  to  accurately  reflect  the  effect  of  the 
estimated  overall  water  content. 

7.  EFFECT  OF  FOREST  CANOPY,  EXPOSED  TREE 
TRUNKS,  AND  UNDERGROWTH 

The  density  of  the  forest  canopy,  the  volume  of  the  wooded 
trunks,  and  the  density  of  the  undergrowth  all  affect  the 
propagation  path  losses  within  a  forest.  Forests  with  relatively 
light  canopies  will  transmit  sunlight  to  the  trunks  and  to  the 
ground.  The  additional  sunlight  penetration  into  the  forest 
tends  to  increase  the  foliage  on  the  lower  parts  of  the  trees 
and  increase  the  undergrowth.  For  example,  Germany’s  Black 
Forest  has  a  dense  canopy,  trunks  that  are  not  foliated,  and  no 
undergrowth.  The  result  is  a  dark  cavern  carpeted  with  pine 
needles  fallen  from  the  high  canopy.  Other  forests,  like  those 
in  the  panhandle  of  Florida,  have  sueh  lush  undergrowth  that 
it  is  difficult  to  simply  walk  through. 

The  EWAF  model  allows  the  engineer  to  specify  the  density 
of  the  canopy,  the  tree  trunk  exposure,  and  the  height  and 
density  of  the  undergrowth.  The  treatment  of  these  layers 
within  the  dielectric  slab,  while  not  rigorous,  does  allow  some 
consideration  of  these  factors.  In  the  future,  the  EWAF  model 
will  allow  a  rigorous  treatment  of  these  forest  layers. 

8.  PROPAGATION  OUTSIDE  THE  FOREST 

The  EWAF  model  is  intended  primarily  to  provide  an  estimate 
of  the  electromagnetic  propagation  path  losses  through  a 
forested  region  when  both  the  transmitting  and  receiving 
antennas  lie  within  the  forest.  Occasionally,  however,  either 
one  or  the  other  of  the  antennas  is  above  the  forest  or  beyond 
the  forest.  Empirical  data  are  available  to  assist  in  the 
estimation  of  path  losses  extending  out  of  the  forest.  In  the 
case  of  antennas  above  the  tops  of  the  trees,  data  are  available 
relating  the  slope  angle  of  the  path  from  the  top  of  the  trees 
to  the  antenna  as  related  to  the  lateral  wave  loss  rate.  These 
slope  angles  are  very  small  in  most  cases  and  involve 
propagation  in  the  lateral  wave  mode  for  an  appreciable 
portion  of  path. 

Transmission  beyond  the  edge  of  the  forest,  on  the  other  hand, 
requires  a  transition  from  the  lateral-wave  mode  to  a  free- 
space  mode  which  resembles  wave  diffraction  over  an 
obstacle.  Transmission  beyond  the  edge  of  the  forest  is  highly 
dependent  upon  the  diffraction  angle  from  the  lateral  wave 
(parallel  to  the  ground)  to  the  receiving  antenna  near  the 
ground.  Figure  5  shows  the  transition  from  the  lateral-wave 
mode  to  the  free-space  mode  at  a  diffraction  angle. 

9.  MODEL  INPUT  VARIABLES 

The  model  accepts  a  wide  variety  of  input  parameters  which 
describe  the  physical  conditions  under  analysis.  These 
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Figure  5.  Lateral-wave  transition  to 
free-space  propagation 


to  losses  which  are  experienced  in  the  field.  It  requires  input 
parameters  which  are  available  or  can  be  obtained  without 
field  measurement.  Constants  and  factors  are  contained  in 
tables  easily  changeable  for  fine  tuning  the  model  as  more 
empirical  data  are  analyzed.  The  prediction  of  electromagnetic 
wave  propagation  path  losses  through  layers  of  the  forest 
could  be  improved  with  additional  analyses. 
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parameters  allow  the  model  to  ascribe  physical  constraints  to 
the  simulation  and  provide  estimates  of  propagation  loss 
through  foliage  commensurate  with  the  scenario.  These 
parameters  are; 

•  Carrier  Frequency 

•  Forest  Density 

•  Type  of  Foliage  (conifer/deciduous) 

•  Height  of  Forest 

•  Height  of  Transmitting  Antenna 

•  Height  of  Receiving  Antenna 

•  Height  of  Exposed  Trunks 

•  Receiver  Distance  to  Forest  (or  in  forest) 

•  Transmitter  Distance  to  Forest 

•  Presence  of  Moisture  on  Foliage 

•  Density  of  Undergrowth 

•  Polarization  of  Electromagnetic  Wave 

•  Lushness  of  Forest 

•  Height  of  Undergrowth 

•  Receiving  Antenna  Beamwidth 

•  Transmitting  Antenna  Beamwidth 

The  term  "forest  density"  is  used  in  the  EWAF  model  as  the 
input  to  establish  propagation  parameters.  This  parameter  is 
stated  in  terms  of  visual  observation  of  the  forest  as  light, 
medium,  dense,  very  dense,  jungle,  and  heavy  jungle.  These 
values  are  then  equated  to  the  conductivity  of  the  forest. 

10.  CONCLUDING  REMARKS 

The  EWAF  model  provides  the  design  engineer  or 
communicator  with  a  tool  which  can  be  used  to  estimate 
probable  propagation  path  losses  through  vegetation.  The 
model  is  not  mathematically  rigorous  but  instead  is  based 
upon  empirical  data  which  produce  results  surprisingly  similar 
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DISCUSSION 


Discusser’s  name:  K.  H,  Craig 

Comment/Question: 

We  have  made  measurements  of  attenuation  rates  in  foliage  at  millimetric  frequencies  (38  GHz). 
Of  course,  at  these  frequencies  multiple  scatter  gives  the  dominant  signal  rather  than  lateral  wave 
effects.  However,  for  our  modelling,  we  need  the  electrical  constants  of  the  foliage.  Would  your 
equation  (1)  linking  conductivity  and  attenuation  rates  apply  at  these  frequencies? 


Author/Presenter’s  reply: 

The  EWAF  model  was  developed  using  a  large  set  of  measured  data.  There  is  nothing  in  the 
measured  data  to  indicate  a  change  in  the  conductivity  of  a  forest  medium  with  a  change  in 
frequency.  The  main  problem  is  that  at  300  MHz,  the  wavelength  is  fairly  long  (1  meter)  and  the 
forest  is  somewhat  homogenous.  For  the  model  development,  the  highest  frequency  data 
immediately  available  was  3000  MHz  (wavelength  =  10  cm).  The  homogeneity  of  a  forest  at  3000 
MHz  is  quite  marginal.  Extrapolating  the  data  to  38  GHz  may  not  be  meaningful  since  the 
medium  is  probably  not  homogenous.  AT  38  GHz  the  forest  would  effectively  be  “clumps”  of  high 
conductivity  material  separated  by  large  areas  of  near  zero  conductivity.  It  is  clear  from  the  data, 
however,  that  any  foliage  would  present  a  high  loss  rate  at  38  GHz. 


Discusser’s  name:  G.  S.  Brown 

Comment/Question: 

Does  your  model  distinguish  between  the  coherent  and  incoherent  components?  This  is 
important  because  Tamir’s  analysis  applies  only  to  the  coherent  field. 


Author/Presenter’s  reply: 

The  EWAF  model  was  prepared  by  using  measured  data  and  developing  a  set  of  curve  fitting 
algorithms.  The  energy  arriving  at  the  receiving  antenna  is  effectively  the  sum  of  all  the 
components  of  the  wave.  No  attempt  was  made  to  analyze  or  separate  the  wave  into  its 
components.  The  output  of  the  model  is  simply  an  estimate  of  the  total  power  arriving  at  the 
receiving  antenna,  as  estimated  for  measured  data. 
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DISCUSSION 

Discussor’s  name;  U.  Lammers 


Comment/Question: 

Treetops  should  make  a  very  rough  dielectric  boundary,  even  at  a  frequency  as  low  as  400  MHz. 
Is  it  possible  that  scattering  or  diffraction  between  treetops  are  responsible  for  increased  signal 
levels,  rather  than  wave  guidance  along  the  dielectric  interface? 


Author/Presenter’s  reply: 

There  is  no  doubt  that  as  the  wavelength  gets  smaller  in  comparison  to  the  size  of  an  individual 
tree-top,  the  dielectric  slab  theory  becomes  questionable.  Tamir  himself  questions  the  slab 
theory  at  higher  frequencies.  Could  the  mechanism  be  scattering  of  diffraction?  Perhaps,  but 
multiple  diffraction  and  scattering  occurrences  do  not  seem  to  provide  enough  energy  to  explain 
the  lower  loss  rates  indicated  by  the  data. 
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ABSTRACT 

With  the  introduction  of  millimeter  wave  bands  for 
satellite  communications  attenuation  effects  in  the 
troposphere  become  adversely  important.  To  investigate 
these  propagation  phenomena  especially  due  to  clouds  an 
experiment  has  been  set  up  on  a  9420  m  slant  llne-of- 
sight  path  in  the  German  Alps  between  Garmisch  and  the 
top  of  the  Zugspitze.  The  measurements  were  made  at  the 
frequencies  of  35  GHz  and  94  GHz.  Hourly  observations 
of  the  German  Weather  Service  at  both  locations  gave 
estimates  of  the  height,  thickness  and  type  of  the  clouds. 
The  measured  data  were  evaluated  in  a  statistical  manner. 
Comparing  the  results  with  calculations  based  on  standard 
drop  size  distributions  for  various  cloud  types  an  increase 
in  the  attenuation  levels  was  observed.  This  difference 
can  be  explained  by  the  presence  of  super-large  drops  in 
clouds  as  recently  measured  and  reported.  Though  their 
contribution  to  the  total  liquid  water  content  is  small,  the 
effect  on  the  attenuation  is  enhanced.  A  second 
propagation  experiment  was  performed  on  a  1340  m  long, 
terrestrial  line-of-sight  path  to  evaluate  the  scintillation 
effects  at  94  GHz.  It  was  found  that  the  power  spectrum 
of  the  measured  log-amplitudes  follows  the  -8/3  slope  of 
the  theoretical  pattern  based  on  Kolmogorov's  refractive 
index  spectrum.  The  refractive  index  structure  constant 
‘2, 

C„  calculated  from  variances  of  the  measured  log- 
amplitude  agree  well  with  those  deduced  from 
meteorological  measurements  after  applying  a  semi- 
empirical  relation  for  height  scaling  the  various  sensors. 
This  result  establishes  the  applicability  of  theoretical 
relations  for  scintillation  effects  at  mm-waves  due  to 
Tatarski  and  Kolmogorov. 


1.  INTRODUCTION 

Communication  systems  operating  in  the  frequency  bands 
above  30  GHz  exhibit  several  advantages  in  comparison 
to  those  used  at  present.  This  is  mainly  caused  by  the 
higher  usable  bandwidth,  which  allows  higher  traffic 
capacities.  Additionally,  the  smaller  beamwidths  of 
conventionally  sized  antennas  result  in  a  minor 
degradation  of  system  performance  caused  by 
interference.  If,  in  spite  of  the  lower  probability, 
interference  occurs,  the  system  is  able  to  cope  better  with 
these  disturbances  due  to  the  higher  efficiency  of  spread- 
spectrum  techniques. 


Before  these  EHF  systems  become  operational  it  is 
required  to  examine  the  environmental  conditions 
imposed  on  the  propagation  path.  Usually,  this  task  is 
performed  using  statistical  methods  based  on  long-year 
averaged  values  of  atmospheric  propagation  effects  for 
the  site,  path  characteristics,  and  frequency  under 
consideration,  or  the  attenuation  and  scintillation 
amplitudes  are  calculated  employing  physical  methods 
and  meteorological  parameters  known  as  long-year 
average  values.  In  practice  these  two  methods  are  often 
mixed  as  in  the  frequency-scaling  calculations  for  path 
losses  recommended  by  the  CCIR. 

Our  paper  emphasizes  the  physical  dependencies  of  the 
atmospheric  propagation  effects  on  meteorological 
parameters,  especially  for  clouds  and  atmospheric 
turbulence  at  frequencies  up  to  94  GHz  using  theoretical 
and  experimental  techniques. 

The  propagation  path  losses  are  estimated  using  two 
different  approaches:  measurements  on  a  slant  path  at  35 
GHz  and  94  GHz  as  well  as  on  a  short  terrestrial  path, 
and  calculation  from  measured  meteorological 
parameters.  This  consideration  leads  to  an  estimation  of 
the  numerical  constants  used  in  the  CCIR  semi-empirical 
attenuation  calculation  procedures. 

The  measured  attenuation  effects  at  35  GHz  and  94  GHz 
due  to  clouds  are  compared  with  calculations  using 
standard  dropslze  distribution  for  various  cloud  types  and 
those  including  super-large  drops  [1,2]. 

The  scintillation  effects  are  estimated  on  the  basis  of  the 
refractive  index  structure  function,  which  depends  on 
turbulent  fluctuations  of  temperature  and  water  vapour 
assuming  a  Kolmogorov  refractive  index  spectrum. 
Simultaneous  amplitude  measurements  of  mm-wave  and 
optical  scintillation  in  combination  with  the  observation 
of  the  relevant  meteorological  parameters  along  the 
propagation  path  allow  then  to  test  the  underlying 
physical  models  and  to  compare  these  results  with  CCIR 
recommended  estimation  methods. 

On  the  basis  of  these  results,  the  applicability  of  the 
prediction  methods  to  propagation  parameter  calculations 
for  higher  frequency  regions  is  assessed. 

2.  THE  EXPERIMENTAL  SET-UP 

2.1  Slant  Path  Measurements 

The  experiment  have  been  carried  out  in  the  Alps  region 
of  southern  Germany  in  summer  1991.  Two  propagation 
links  at  35  GHz  and  94  GHz  have  been  established  along 
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a  common  slant  path  from  the  top  of  the  Zugspitze  to  the 
southern  outskirts  of  Garmisch.  The  geometric  charac¬ 
teristics  of  the  link  are: 

-  altitude  of  both  transmitters:  2966  m 

-  altitude  of  the  receivers:  727  m 

-  path  length:  9420  m 

-  elevation  angle:  13.7°. 

Table  1  summarizes  the  main  system  parameters. 


Transmitter: 

(  GUNN  injection-locked  IMPATT-Oscillator  ) 

35  GHz 

Output  power 

80  mW  CW 

Antenna 

2'-  Cassegrain 

Gain 

44  dB 

3-dB-Beamwidth 

0.95° 

Polarization 

linear 

94  GHz 

Output  power 

200  mW  CW 

Antenna 

2'-  Cassegrain 

Gain 

52  dB 

3-dB-Beamwidth 

0.35° 

Polarization 

linear 

Receiver 

( 35  GHz  and  94  Ghz,  superheterodyne ) 

Sensitivity 

-  70  dBm 

Bandwidth 

30  MHz 

Dynamic  range 

60  dB 

Antenna 

2 '-Cassegrain 

Polarization 

linear. 

hor.  and  vert. 

Table  1 :  Performance  data  of  the  35  GHz  and  94  GHz 
system 


At  the  receiver  site  a  meteorological  weather  station  was 
installed  to  collect  the  standard  meteorological  para¬ 
meters  including  temperature,  humidity,  pressure,  solar 
flux  and  wind  data.  A  complete  set  of  all  data  were 
digitized  and  recorded  on  tape  by  a  DEC  LSI  1 1  at  a  data 
rate  of  10  s. 

Further  information  about  atmospheric  characteristics  was 
provided  by  the  German  Weather  Service  (DWD)  which 
operates  measurement  stations  near  the  receiver  site  at 
Garmisch  and  on  top  of  the  Zugspitze.  Estimates  of 
height,  thickness  and  type  of  elouds  within  the 
propagation  path  together  with  additional  temperature 
and  humidity  data  at  both  stations  were  collected  every 
hour  in  tabular  form. 

2.2  Scintillation  Measurements 
A  second  terrestrial  propagation  link  at  94  GHz  was  setup 
to  study  the  effects  of  atmospheric  turbulence  on  the 
propagation  of  millimeter  waves.  The  experiment  was 
performed  on  a  1320  m  path  at  an  average  height  of  7  m 
over  farmland.  The  obstacle  free  height  along  the  path 
was  larger  than  the  first  Fresnel  zone  size  of  2  m.  The  94 
GHz  system  consisted  of  a  Gunn-oseillator  with  an  output 
power  of  20  mW,  all  other  performance  data 
corresponded  to  those  of  Table  1.  To  characterize  the 
turbulent  fluctuations  of  the  atmosphere  within  the 
propagation  path  and  to  compare  these  with  the  path- 
averaged  scintillations  at  94  GHz  point  measurements 


were  carried  out  with  a  fast  response  temperature  sensor 
(sonic  probe)  and  a  fast  response  humidity  sensor  which 
evaluates  the  strong  absorption  of  the  Lyman-a  emission 
line  of  hydrogen.  Both  sensors  were  mounted  2  m  above 
ground  together  with  a  sensitive  propeller  vane.  An 
additional  weather  station  gave  averaged  values  of 
standard  meteorological  parameters  for  calibration 
purposes  and  subsequent  analysis. 

The  millimeter  wave  and  sensor  signals  were  sampled  at  a 
rate  of  125  Hz  and  digitised  by  a  12-bit  ADC.  To  avoid 
aliasing  errors  the  analog  signals  were  first  low-pass 
filtered  with  a  cut-off  frequency  of  20  Hz.  Finally, 
complete  data  sets  of  20  minutes  time  interval  were 
recorded  on  a  storage  medium  by  a  PC. 

For  the  data  evaluation,  variances  of  the  log-amplitude 
fluctuations  of  the  millimeter  wave  signal  were  computed 
and  stored  by  taking  consecutive  intervals  of  1  min 
length.  In  order  to  determine  the  power  density  spectra  of 
the  scintillation  signal  each  data  file  was  divided  in  one- 
third  overlapping  parts.  After  removing  the  mean  value 
and  linear  trend  and  computing  the  power  density 
spectrum  of  each  part  the  spectrum  of  the  complete  time 
interval  was  obtained  by  averaging  all  individual  spectra. 

3.  THEORY 


3.1  Cloud  Attenuation 

Attenuation  of  millimeter  waves  by  clouds  is  dependent 
on  the  droplet  size  distribution,  liquid  water  content 
(LWC),  temperature,  wavelength  and  the  physical 
composition  and  extent  of  clouds.  Absorption  by  the 
cloud  particles  are  the  main  contribution,  where  as  the 
scattering  losses  are  very  small  and  can  be  neglected.  If 
cloud  droplet  sizes  is  assumed  to  be  less  than  0. 1  mm  in 
diameter  the  Rayleigh  approximation  can  be  applied 
throughout  the  millimeter  wavelength  range.  Then  the 
absorption  cross-section  is  a  function  of  the  volume  of  the 
droplets  or  the  cloud  water  content  (LWC).  Knowing  the 
droplet  size  distribution  of  clouds  and  their  vertieal 
development  CCIR  [3]  calculation  procedures  may  be 
applied  to  estimate  the  attenuation  losses.  For  small 
drops,  1  pm  <  r  <  50  pm,  the  average  size  distribution  for 
any  type  of  cloud  can  be  described  by  a  gamma 
distribution  [4,5] 


n{r)  = 


(1) 


where  n(r)  is  the  cloud  droplet  distribution  as  a  function 
of  drop  radii,  a,  P,  Ps  distribution  parameters  describing 
different  cloud  types,  T  the  gamma  function  and  No,  Ns 
drop  concentration  in  cm'‘  for  different  cloud  types. 
Observations  of  particle  size  spectra  have  shown  that  also 
super-large  drops  are  present  in  clouds  which  have  a 
vertical  extent  of  more  than  300  m.  The  size  distribution 
for  droplet  radii  between  100  pm  <  r  <  1 .5  mm  follows  an 
exponential  relation  [2,4] 


n{r) 


Af.,(l-P.,)  1^85  Y-  ^2) 
85  I,  r  j 
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Cloud  Type 

LWC 

[g/m>] 

35  GHz 

A  [  db/km  ] 

94  GHz 

A  [  db/km  ] 

+  large 
drops 

% 

small 

drops 

+  large 
drops 

% 

+  large 
drops 

% 

Stratocumulus 

0.214 

0.0116 

5.1 

0.221 

0.352 

59.3  - 

1.013 

2.113 

108.6 

Stratus 

0.208 

0.0047 

2.2 

0.215 

0.253 

llllllli 

0.987 

1.28 

29.7 

Nimbusstratus 

0.268 

0.0094 

m 

0.276 

0.825 

1.268 

3.199 

152.3 

Cumulus  mediocris 

0.996 

0.0015 

0.15 

1.027 

1.041 

4.717 

4.82 

2.2 

Cumulus  cortgestus 

1.735 

0.0038 

|i.22|:ji 

1.784 

2.12 

18.8 

8.196 

9.503 

15.9 

Cumulus  congestus  (min) 

2.407 

0.0144 

2.475 

2.582 

4.3 

11.37 

11.68 

mm 

Cumulus  congestus  (max) 

2.407 

0.0948 

3.8 

2.475 

3.703 

11.371 

14.28 

25.6 

Cumulonimbus  (min) 

2.965 

0.0545 

1.8 

3.044 

3.525 

13.992 

16.665 

19.1 

Cumulonimbus  (max) 

2.965 

0.726 

19.6 

3.051 

7.501 

145.9 

14.02 

41.74 

197.7 

Table  1 :  Liquid  water  content  ( LWC )  of  various  cloud  types  and  the  effect  of  large  drops  on  cloud  attenuation  at 
35  GHz  and  94  GHz  [1,2] 


6  Cumului-humllis  12  Cumutonimbu*  (min) 

Fig.  1 :  Effect  of  only  small  and  additional  large  size  drop 
size  distribution  on  attenuation  at  94  GHz  for  various 
cloud  types  as  a  function  of  liquid  water  content 
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Fig  2:  Effect  of  large  drops  on  the  attenuation  ratio  94 
GHz  /  35  GHz  as  a  function  of  liquid  water  content  for 
different  drop  size  distributions  of  various  cloud  types. 
Though  these  large  drops  increase  the  total  water  content 
in  the  clouds  only  by  a  small  amount,  normally  <  5  %  , 


the  effect  on  the  attenuation  of  millimeter  waves  is 
significantly  enhanced  depending  on  the  type  of  cloud. 
Taking  Ajvazyan's  distribution  parameters  and  estimated 
LWC  values  [1],  and  Papatsoris'  calculations  of 
attenuation  at  35  GHz  and  94  GHz  [2]  Table  1  illustrates 
the  changes  in  LWC  and  the  specific  attenuation  at  both 
wavelengths  for  various  cloud  types  if  the  presence  of 
large  drops  is  considered. 

Fig.l  shows  the  effect  on  attenuation  at  94  GHz  as  a 
function  of  the  total  liquid  water  content  for  the  cloud 
types  listed  in  Table  1 .  As  can  be  seen  the  implication  on 
the  propagation  through  clouds  is  not  so  serious  because 
of  the  low  absolute  specific  attenuation  except  for 
cumulonimbus  cloud  types.  Especially  those  cloud  types 
contain  drops  of  large  sizes  which  were  held  in  balance 
by  thermal  convection  induced  upwinds  and  grow  until 
they  are  too  heavy  and  fall  down  as  strong  precipitation. 
Fig.  2  shows  the  attenuation  ratio  35  GHz  /  95  GHz  as  a 
function  of  total  liquid  water  content  for  the  same  cloud 
types  of  Fig.l.  The  straight  line  represents  the  calculation 
for  only  small  drops  based  on  the  Rayleigh  approximation 
yielding  a  size  distribution  independent  constant  ratio. 
Considering  large  drops  with  diameters  comparable  to 
millimeter  wavelength,  Papatsoris  had  to  apply  Mie 
calculations  for  his  estimation  of  the  millimeter  wave 
attenuation.  The  data  shows  a  different  size  distribution 
dependency  for  both  represented  frequencies. 

3.2  Scintillation 

Scintillation  effects  are  induced  by  atmospheric 
turbulences.  They  occur  in  the  troposphere  in  the 
boundary  layer  near  the  earth  surface  by  air  mixing 
mechanism  and  vertical  transfer  processes,  in  clouds  due 
to  air  entrainment  processes  and,  to  a  minor  degree, 
during  rain  events.  Time  and  space  dependent  small-scale 
variations  and  Inhomogeneities  of  the  atmospheric 
refraction  caused  by  turbulent  humidity  and  temperature 
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fluctuations  generate  rapid  fluctuations  of  amplitude, 
phase  and  angle  of  arrival  of  a  received  signal.  The 
intensity  of  the  turbulence  can  be  related  to  the  structure 
function  Dn  and  the  structure  parameter  of  the  index 
of  refraction.  The  theoretical  treatment  is  based  on 
Kolmogrov's  theory  of  turbulence  [5]  and  Tatarski's 
expressions  for  the  scintillations  [6].  The  following 
assumptions  are  made: 

-  the  von  Kdrman  representation  of  the  Kolmogorov 
refractive  index  spectrum  [6].  The  turbulent  eddies  sizes 
are  assumed  within  the  inertial  subrange  between  the 
outer  scale  Lo  and  the  inner  scale  lo  of  the  turbulence. 

-  Taylor's  frozen-in  hypothesis  which  assumes  an  un¬ 
changed  shape  and  size  of  the  eddies  within  a  time  re¬ 
quired  for  the  eddies  to  move  a  distance  1  [6].  This  relates 
the  space  and  time  variations  to  the  medium  wind  speed. 

-  an  incident  plane  wave 

-  weak  scintillations,  the  log-amplitude  variances  o^«  1, 
if  the  perturbation  method  is  applied  to  determine  the 
scintillation  effects. 

Using  Kolmogorov's  model  the  three-dimensional  refrac¬ 
tive  index  spectrum  0„(k)  is  expressed  by  (Tatarski) 

a)„(K)  =  Q(B3<^K-“'\  (3) 

where  the  wavenumber  k  =—  is  in  the  limits 
X 

^  <  K  <  ^  .  (4) 

4  lo 

If  the  outer  scale  length  is  less  than  the  first  Fresnel  zone 
size  (Lo< )  the  variance  of  the  log-amplitude  [7]  is 


where  a  =  4/3  is  valid  for  a  moderately  to  high  unstable 
atmosphere  with  low  wind  speeds. 

4.  RESULTS 

4.1  Slant  Path  Measurements 

Distributions  of  measured  attenuation  through  clouds  and 
clear  air  at  the  frequencies  35  GHz  and  94  GHz  on  the 
9420  m  slant  path  during  time  periods  with  observed 
cloud  layers  within  the  propagation  path  are  shown  in 
Fig.3.  The  time  period  covered  about  25  %  of  the  total 
measurement  period  of  nearly  two  months.  At  35  GHz  the 
maximum  of  the  distribution  eorresponds  to  an 
attenuation  value  of  2.4  dB  and  at  94  GHz  of  5.8  dB, 
respectively.  Compared  to  the  clear  air  propagation  losses 
the  additional  attenuation  due  to  clouds  is  on  the  average 
about  1  dB  higher. 


Fig.3:  Distribution  of  measured  total  attenuation  through 
clouds  and  clear  air  at  35  GHz  and  94  GHz.  Observation 
time:  210  hours. 


=  23.39 


f2Ky\n.e 

UJ 


(5) 


where  L  is  the  path  length.  Theoretically,  the  power 
density  spectrum  of  the  log-amplitudes  has  a  f '  slope. 
This  shape  may  be  used  as  a  test  criterion  for  the 
applicability  of  the  Kolmogorov  model. 

To  validate  the  magnitude  of  scintillation  fading  on 
millimeter  wave  radio  links  two  deterministic  physical 
models  have  been  used  for  comparison  of  the  structure 
parameters  was  caleulated  from  the  vari¬ 
ance  of  the  log-amplitude  a^.  was  estimated 

from  measured  temperature  and  humidity  fluctuations 
using  a  time-lag  method  [8,  9].  If  the  structure  parameters 
were  measured  at  different  heights,  and  ,  a 

semi-empirical  relation  based  on  the  Monin-Obukhov 
similarity  theory  is  used  [10] 


'^n,  9^  GHz 

tn  ri/»/ 


(6) 


Fig.  5  and  7  give  examples  of  cloud  attenuation  over  the 
9420  m  path  length  at  35  GHz  and  94  GHz  over  a  time 
period  of  2  and  7  hours,  respectively.  Fig.4  and  6  give  the 
corresponding  time  series  of  estimated  height  level  of  the 
clouds  as  they  have  been  observed  by  the  German 
Weather  Service.  Due  to  the  method  of  visual  deter¬ 
mination  the  accuracy  of  the  data  is  limited  to  +  50  m. 

The  specific  attenuation  at  35  GHz  and  94  GHz  in 
stratocumulus  clouds  (Fig.5)  is  comparable  over  the  time 
period  yielding  a  constant  attenuation  ratio  of  about  2.5  to 
3.5  depending  on  the  temperature  of  the  cloud  droplets 
and  the  variation  of  the  attenuation  due  to  the  atmospheric 
gases  especially  due  to  the  water  vapor  concentration 
along  the  propagation  path.  Though  the  presence  of  large 
drops  in  this  type  of  cloud  increases  the  attenuation  at  35 
GHz  and  95  GHz  by  a  relatively  high  amount,  60%  and 
109%,  respectively  (Tab.l),  the  implication  on  the 
propagation  is  only  limited  because  of  the  low  total 
number  of  droplets. 

Large  attenuation  discrepancies,  however,  can  be 
observed  with  cumuloniraWs  cloud  types  (Fig.7).  The 
increased  cloud  attenuation  at  94  GHz  in  cumulonimbus 
clouds  is  caused  by  the  higher  drop  concentration  in  this 
type  of  convective  vertical  developped  clouds  containing 
a  substantial  number  of  large  droplets.  Total  attenuation 
values  of  up  to  18  dB  have  been  measured  due  to  clouds 
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and  clear  air  over  the  path.  The  attenuation  level  at  35 
GHz  over  same  time  period  reaches  values  of  only  6  dB. 


Time  [h] 

Flg.4;  Time  series  of  estimated  cloud  height  and  thickness 
up  to  the  transmitter  height.  Dashed  line  indicating  two 
separate  cloud  layers.  Cloud  type:  stratocumulus.  Date: 
July  1, 1990. 


T  I  i  I  i  I - 1 - 1 - 1 - 1 - 1 - 1 - 1 - 1 - 1 - 
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Time  [h] 

Fig.5:  Measured  clear  air  and  cloud  attenuation  at  35  GHz 
(upper  curve)  and  94  GHz,  path  length:  9420  m,  elevation 
angle:  13.7°,  cloud  type:  stratocumulus.  Date:  July  1, 
1990. 


Time  [h] 


Fig.6:  As  Fig.4,  but  cloud  type:  cumulonimbus.  Date: 
June  26,  1990. 


June  26,  1990. 

4.1  Scintillation  measurements 

Fig.  8  shows  the  averaged  power  density  spectrum  of 
amplitude  at  94  GHz  for  a  20  min  time  period  of  a  5  hoin 
lasting  scintillation  event.  The  straight  line  represents  the 
f  slope  of  the  theoretical  spectrum  based  on  the 
Kolmogorov  refractive  index  spectrum.  The  dashed  line 


indicates  the  estimated  outer  scale  length  L,,  s  7.9  m  for  a 
cross-wind  component  of  v±  s  1.5  m/s.  This  value  was 
originally  determined  from  the  one-dimensional 
temperature  spectrum  for  the  same  time  period  yielding 
the  same  starting  point  for  the  inertial  subrange  [11].  The 
slope  of  the  calculated  spectrum  agrees  well  with  the 
theoretical  one  confirming  the  theoretical  assumptions. 


Frequency  [Hz] 

Fig.  8:  Averaged  power  density  spectrum  of  amplitude  at 
94  GHz. 


cl 


Time  [h] 

Fig.  9:  Refractive  index  structure  parameter  calculated 
from  in  situ  observed  temperature  and  humidity 
fluctuations.  Measurement  height:  2  m  above  ground. 


cl  [m^ 


Fig.  10:  Refractive  index  structure  parameter  calculated 
from  measured  variances  of  log-amplitude  fluctuations  at 
94  GHz.  Measurement  height:  7  m  above  ground. 
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Fig.  9  and  10  show  the  development  of  the  refractive 
index  structure  parameters  C\  in  this  5  hour  time  series 
for  a  typical  sunny  day  with  nearly  no  cloud  cover 
exhibiting  the  influence  of  the  growing  atmospheric 
turbulences  during  the  morning.  Both  data  curves  are 
calculated  from  two  independent  measurements,  a  point 
measurement  and  a  path  averaged  one.  The  point 
measurement  was  performed  at  a  height  of  2  m  with  the 
fast  response  temperature  (sonic)  and  humidity  sensor 
(Lyman-a-hygrometer).  The  evaluation  is  based  on  the 
above  mentioned  time-lag  method  using  time  lags  up  to 
0.5  s  which  correspond  to  spatial  lags  up  to  several  meters 
depending  on  the  average  wind  speed.  The  path  averaged 
is  derived  according  to  equ.  (5)  from  the  variances  of 
the  log-amplitudes  of  the  94  GHz  signal  measured  at  a 
height  of  7  m  over  a  propagation  path  of  1340  m. 

The  results  of  both  independent  measurements  are 
compared  in  the  scatter  diagram  of  Fig.l  1.  The  data  given 
in  this  plot  are  1-min  averages.  The  regression  line 
represents  the  semi-empirical  relation  for  scaling  the 
different  heights  of  the  sensors  using  the  exponent 
a=  -  4/3  suggested  by  Wyngaard  et  al.  The  scatter  of  the 
data  can  be  explained  by  differences  in  the  point  and 
path-average  measurement  method.  For  this  low  height 
differences  the  correlation  fits  well  with  the  theoretical 
height  scaling  exponent. 


94GH2  [ 


Fig.l  1:  Scatter  of  the  refractive  index  structure  para¬ 
meter  C,^  calculated  from  scintillation  at  94  GHz  and 


C,^  calculated  from  measured  temperature  and  humidity 
fluctuations. 

5,  CONCLUSION 

Cloud  attenuation  at  millimeter  wavelengths  can  be 
affected  by  the  presence  of  large  droplets.  Though  their 
contribution  to  the  total  liquid  water  content  in  clouds  is 
usually  not  more  than  5  %  they  can  enhance  the  specific 
attenuation  by  100  %  and  more  depending  on  cloud  type 
and  drop  size  distribution.  At  35  GHz  the  increase  on 
attenuation  ranges  from  10  %  to  100  %,  but  is  without 
significant  implication  on  the  link  parameters  because  the 
absolute  attenuation  levels  are  still  low.  At  94  GHz, 
however,  a  similar  increase  results  in  a  much  more 
serious  effect,  especially  concerning  cumulus  cloud  types. 


The  presented  cloud  attenuation  measurements  confirm 
this  result  for  individual  events.  The  cloud  attenuation 
statistics  for  a  nearly  two  month  time  period,  however, 
shows  only  a  moderate  increase  in  the  attenuation  levels 
compared  to  clear  air  propagation  losses  on  that  link. 

The  measured  scintillations  at  94  GHz  establish  the 
applicability  of  the  Kolmogorov  refractive  index  spec¬ 
trum  and  the  turbulence  theory  of  Tatarski.  The  refractive 
index  structure  parameter  C,^  calculated  from  measured 
94  GHz  scintillations  agree  well  with  those  calculated 
from  temperature  and  humidity  fluctuations  if  the  height 
scaling  suggested  by  Wyngaard  et  al.  is  applied.  The 
results  show  that  the  applied  theoretical  relations  describe 
the  turbulence  induced  fluctuations  at  94  GHz  and  may  be 
used  for  modelling  scintillation  effects  at  millimeter 
waves  for  other  links  and  for  the  prediction  on  the 
performance  of  communication  systems. 
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DISCUSSION 


Discusser’s  name:  A.D.  Papatsoris 

Comment/Question: 

Sometime  ago,  I  had  theoretically  treated  the  effect  of  super-large  drops  in  clouds  on  attenuation 
and  reflectivity  at  35  and  94  GHz  and  I  am  happy  to  see  those  predictions  verified  by  your 
experimental  data.  So,  I  was  wondering  whether  you  could  share  your  data  for  further  comparison 
and  analysis? 

Author/Presenter’s  reply: 

We  have  made  measurements  over  a  period  of  nearly  two  months.  This  data  is  available  and  it 
would  also  be  very  interesting  for  us  to  compare  your  analysis  with  our  attenuation  measurements 
through  clouds. 
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Characterisation  of  the  transfer  function  of  the  clear  atmosphere 

at  millimetre  wavelengths 


A  D  Papatsoris 

University  of  York 
Department  of  Electronics 
York,  YOl  5DD 
UNITED  KINGDOM 


1.  SUMMARY 

A  model  for  the  calculation  of  the  absorption  and  disper¬ 
sion  spectra  of  the  most  important  and  millimetre-wave 
active  atmospheric  gases  for  arbitrary  atmospheric  geome¬ 
tries  is  presented.  The  model  adopts  a  line-by-line  sum¬ 
mation  technique  to  characterise  the  resultant  resonant 
absorption  and  dispersion  spectra  of  various  trace  con¬ 
stituents  and  major  contributors  H2O  and  O2.  A  spheri¬ 
cally  layered  atmosphere  is  assumed  with  each  layer  taken 
to  be  in  local  thermodynamic  equilibrium  (LTE)  with  ex¬ 
ponential  profiles  of  density  and  pressure  between  layer 
boundaries.  The  relative  air  mass  integral  and  the  line- 
shape  functions  are  also  appropriately  evaluated  accord¬ 
ing  to  atmospheric  conditions.  Various  model  atmospheres 
may  be  selected  or  specified  by  the  user. 

2.  INTRODUCTION 

Close  to  the  Earth’s  surface  millimetre- wave  absorption 
and  dispersion  by  atmospheric  gases  is  dominated  by  wa¬ 
ter  vapour  and  oxygen.  Nevertheless,  other  atmosphei-ic 
gases  including  trace  constituents,  put  their  spectral  sig¬ 
natures  in  the  millimetre  frequency  spectrum.  Although 
such  contributions  to  attenuation  and  phase  delay  are  neg¬ 
ligible  for  communication  systems  operating  close  to  the 
Earth’s  surface,  they  may  become  important  for  applica¬ 
tions  in  remote  sensing,  weapons  guidance,  navigation  and 
communications  systems  operating  at  higher  altitudes.  In 
this  paper  a  modelling  approach  which  takes  into  account 
contributions  from  trace  gases  is  described  and  example 
calculations  for  selected  atmospheric  geometries  are  given. 

3.  THEORY  OF  GASEOUS  ABSORPTION 

3.1  Interaction  of  Radiowaves  with  Gases 

Neglecting  interactions  between  different  modes  of  energy, 
the  energy  of  an  isolated  gaseous  molecule  is  given  by: 

E  =  Er  +  Ev  +  Ee  +  Et  cm  ~^ ,  (1) 

where  Ee,  Ev,  Er  are  the  electronic,  vibrational  and  ro¬ 
tational  energies,  respectively  and  Et  is  the  translational 
energy.  The  first  three  terms  in  equation  (1)  are  quan¬ 
tized,  and  take  discrete  values  only,  these  values  being 
specified  by  one  or  more  quantum  numbers.  Any  com¬ 
bination  of  quantum  numbers  defines  an  energy  state  oi’ 
quantum  state,  or  term. 

For  absorption  or  emission  to  take  place  matter  must  in¬ 
teract  with  the  incident  field  of  electromagnetic  radia¬ 
tion  which  in  practice  must  involve  an  electric  or  mag¬ 
netic  dipole  or  quadrupole  moment.  In  other  words,  for 
a  molecule  to  be  able  to  interact  with  an  electromagnetic 
field  and  absorb  or  create  a  photon  of  frequency  v,  it  must 
possess  at  least  transiently,  a  dipole  oscillating  at  that  fre¬ 
quency.  For  emission  or  absorption  this  transient  dipole  is 
expressed  in  terms  of  quantum  mechanics  by  the  transition 
dipole  moment. 


Interactions  resulting  in  transitions  of  the  dipole  moment 
can  differ  widely  in  strength.  Electric  dipole  interactions 
are  greater  by  a  factor  of  order  10®  than  magnetic  dipole 
interactions;  electric  dipole  interactions  are  of  the  order  of 
10*  times  stronger  than  electric  quadrupole  interactions. 
Electric  dipole  transitions  are  therefore  responsible  for  the 
strongest  spectral  lines,  and  are  called  permitted  transi¬ 
tions.  Other  transitions  are  loosely  named  forbidden.  The 
nature  of  a  transition  can  be  specified  in  terms  of  the  quan¬ 
tum  numbers  of  the  upper  and  lower  states  [1,  2].  Such 
a  relationship  is  known  as  a  selection  rule.  When  a  tran¬ 
sition  takes  place  from  one  energy  state  to  another,  the 
frequency  v  of  the  absorbed  or  emitted  quantum  is  given 
by  Planck’s  relation  AE  =  hv,  where  h  is  Planck’s  con¬ 
stant  and  AE  the  energy  gap  between  the  energy  states 
involved  in  the  transition. 

The  most  general  transition  involves  simultaneous  changes 
of  electronic,  vibrational  and  rotational  energy.  The  mini¬ 
mum  energy  jumps  commonly  observed  vary  considerably 
between  the  three  forms,  and  provide  a  convenient  prelim¬ 
inary  method  of  distinguishing  between  them.  Minimum 
changes  in  rotational  energy  are  typically  of  the  order  of 
1  Rotation  lines,  that  is  lines  due  to  rotational  en¬ 

ergy  changes  only,  therefore  form  part  of  the  microwave 
or  the  far  infrared  spectrums.  Vibrational  energy  changes 
are  rarely  less  them  600  cm“‘.  This  is  so  much  larger 
than  the  minimum  for  rotationail  energy  change  that  vi¬ 
brational  transitions  never  occur  alone,  but  with  many 
simultaneous  rotational  changes  giving  a  group  of  lines 
which  constitute  a  vibration-rotation  band,  usueilly  in  the 
intermediate  infrared  spectrum.  An  electronic  transition 
typically  involves  a  few  electron  volts  of  energy,  and  the  re¬ 
sulting  absorption  or  emission  usually  occurs  in  the  visible 
or  ultraviolet  spectrum.  At  millimetre  and  sub-millimetre 
wavelengths  the  majority  of  transitions  are  purely  rota¬ 
tional  (with  a  few  exceptions)  and  the  modelling  of  inter¬ 
action  between  radiowaves  and  gaseous  molecules  is  gen¬ 
erally  simple. 

The  interaction  of  electromagnetic  radiation  with  the  ab¬ 
sorbing  matter  within  the  vicinity  of  a  single  spectral  line 
is  described  by  the  volume  absorption  coefficient  kv, 

kv{x)  =  S{x)f{v  —  vo)p{x)  cm~^ ,  (2) 

where  a:  denotes  position,  f{v  —  vo,x)  is  the  lineshape  fac¬ 
tor,  S{x)  is  the  line  strength,  uo  is  the  centre  of  the  absorp¬ 
tion  line  and  p(x)  the  density  of  the  absorbing  gas.  Gen¬ 
erally,  the  volume  absorption  coefficient  kv  is  a  function  of 
the  density  of  the  absorbing  substance,  and  the  pressure 
and  temperature  of  the  atmosphere,  all  of  which  can  vary 
along  the  path  of  observation.  The  volume  absorption  co¬ 
efficient,  kv{xi,X2),  between  two  points  *1  and  X2  along  a 
path  of  observation  resulting  from  a  single  spectral  line  is 
given  by, 

kv{xi,x-2)  =  /  S{x)f{v  -  vo,x)p{x)dx  (3) 
J  Xi 
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and  for  a  band  of  spectral  lines  by, 


/u(a;i,ar2)  =  ^  / 

ij 


Sijix)fij(v  -  Vij,x)pj(x)dx,  (4) 


where  Sij{x)  is  the  strength  of  the  i’th  line  of  the  j’th  ab¬ 
sorbing  gas  in  the  path  from  position  ri  to  X2,  — 

Vij ,  x)  is  the  line  shape  factor,  Vij  is  the  position  of  the 
line  centre,  and  Pj(x)  the  density  of  the  absorbing  gas. 
Here  we  assume  that  when  lines  overlap  their  individual 
contributions  to  the  optical  depth  simply  add  together. 
This  is  an  essential  simplification,  adequately  justified  in 
terms  of  the  relatively  sparsely  spaced  spectral  lines  of 
various  gases  in  the  mm  to  sub-mm  frequency  spectrum, 
and  the  values  of  pressure  and  temperature  in  the  atmo¬ 
sphere.  Line  strengths  and  positions  may  be  calculated 
using  quantum  mech^mics  and  are  dependent  on  temper¬ 
ature,  geometrical  configuration  of  the  molecule  and  the 
population  of  the  lower  energy  state  of  the  transition.  The 
line  strength  of  a  spectral  line  involving  a  transition  from 
state  I  to  state  u  is  given  by. 


Sk^viu 

,  f-C2Vlu\'\  gila  1 

'-C2Ei\ 

She  [ 

T  JJq(T)®''P' 

.  T  ) 

(5) 

where  h  is  Planck’s  constant,  viu  is  the  resonant  frequency 
of  the  line,  Ei  is  the  energy  of  the  lower  energy  state  of  the 
transition,  gi  is  the  nuclear  spin  degeneracy  of  the  lower 
level,  Q{T)  is  the  total  partition  function,  la  is  the  natu¬ 
ral  isotopic  abundance,  cz  is  the  second  radiation  constant 
and  Riu  is  the  Einstein  transition  probability.  The  total 
partition  function  Q  for  temperatures  encountered  in  the 
atmosphere  is  given  by  the  following  approximate  expres¬ 
sions, 


for  linear  molecules, 
for  nonlinear  molecules, 


(6) 

where  cr  is  the  symmetry  number  depending  on  the  group 
of  which  the  molecule  is  a  member,  h  is  Planck’s  constant, 
k  is  Boltzmann’s  constant,  G  is  the  common  factor  of 
the  molecule  and  A,  B  and  C  are  its  rotational  constants. 
Lineshapes  depend  upon  the  mechanisms  of  molecular  col¬ 
lisions  and  motions,  and  are,  therefore  temperature  and 
pressure  dependent. 


3.2  The  Lineshape  Function 

The  physical  mechanism  that  dominates  spectral  line 
broadening  close  to  the  earth’s  surface  is  collisional  in¬ 
teractions  between  molecules.  This  is  also  known  as  pres¬ 
sure  broadening  and  is  successfully  interpreted  by  the  Van 
Vleck-Weisskopf  (VVW)  lineshape  function, 

1  —  iS  1  -H  iS 

- r - ^ - h  7 - r - : -  cm, 

(v-vo)-^7L  (v  +  vof-htyL 

where  5  is  the  interference  coefficient  suggested  by 
Rosenkranz  [4]  to  describe  pressure  induced  line  interfer¬ 
ence  for  the  oxygen  60  GHz  band  (5  =  0  for  all  other 
gases),  and  jl  is  the  collisional  linewidth.  The  collisional 
linewidth  is  a  function  of  both  pressure  p  and  temperature 
T  and  is  described  by, 

cm~\  (8) 

Po  \To/ 

where  x  varies  usually  between  0.5  and  1.0  and  yL^  is  the 
value  of  the  linewidth  at  normal  atmospheric  conditions, 
p  =  Po  and  T  =  To.  At  sufficiently  low  pressures,  colli¬ 
sional  broadening  is  negligible  compared  to  thermal  broad¬ 
ening  (also  known  as  Doppler  broadening).  Because  molec¬ 
ular  velocities  have  a  Gaussian  distribution,  the  Doppler 
lineshape  is  also  a  Gaussian, 

f{v,vo)  =  — exp 

■s/TryD 


fiv,vo)  - 


and  the  Doppler  line  width  is  given  by. 


yo  =  ^.^8  X  10~^ v\  cm~^ ,  (10) 


where  M  is  the  molecular  weight  of  the  gas.  When 
collisional  and  thermal  broadening  become  compeirable, 
the  resonance  frequency  in  the  colhsion  shape  expression 
should  be  convolved  with  the  Gaussian  shift  probability 
distribution  over  all  possible  Doppler  shifts.  This  convo¬ 
lution  is  called  the  Voight  profile, 

f{v,Vo)--f  ^ clt  cm,  (11) 

TT  /  Z  —  t 


where  2  is  a  complex  argument  related  to  the  collisional 
7/,  and  thermal  yo  line  widths  (see  Penner  [7])  and  t  = 
(u  -  vo)/yD. 

4.  MODELLING  APPROACH 

4.1  Source  of  Spectroscopic  Information 

The  energy  states  of  gaseous  molecules  are  well  defined 
and  discrete  and  therefore  the  positions  of  the  resultant 
spectral  lines  can  be  calculated.  The  U.S.  Air  Force  Geo¬ 
physics  Laboratory  (AFGL)  high-resolution  transmission 
molecular  absorption  database  (known  under  the  acronym 
HITRAN  [3]),  gives  the  exact  positions  and  other  charac¬ 
teristics  of  the  spectral  lines  of  gaseous  molecules  between 
0  and  17900  cm“' .  The  1986  edition  of  the  HITRAN 
databcise  was  used  to  derive  all  the  necessary  spectroscopic 
information.  The  database  was  selectively  accessed  to  pro¬ 
vide  suitable  line  files  for  the  atmospheric  gases  of  interest. 

4.2  Modelling  the  atmosphere 
4.2.1  The  refractive  atmosphere 

In  order  to  calculate  the  attenuation  and  dispersion  spec¬ 
tra  of  at.mospheric  gases,  we  need  to  know  their  concentra¬ 
tion  and  distribution  along  the  path  of  observation.  Fur¬ 
thermore,  since  the  line  intensity  and  lineshape  function 
are  sensitive  to  pressure  and  temperature  variations,  an 
efficient  way  of  representing  the  propagation  medium  is 
needed.  An  excellent  approach  is  to  slice  the  atmosphere  in 
many  spherical  concentric  layers  and  eissume  exponential 
pi-ofiles  of  density  and  pressure  between  layer  boundaries. 


Fig.  1.  Relative  air  mass  geometry. 

Fig.  1  shows  a  spherically  symmetric  atmosphere  for  which 
refraction  effects  are  taken  into  account.  The  relative  air 
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mass  M  between  height  points  hi  and  is  given  by, 


M(h2,4>2) 


r'‘=  n{h)(R-k-h)p(h) _ 

•''•l  y/n^(h)(R+hP-n^(hi){R+hi)  siti^ 

la^pwdh 


(12) 

where  n  is  the  index  of  refraction,  dh  is  the  height  incre¬ 
ment  and  p  the  gas  density  at  point  h  along  the  ray  path 
in  the  atmosphere.  In  this  approach  the  relative  air  mass 
integral  has  been  approximated  by  Uplinger’s  [5]  simple 
closed  form  approximation  which  includes  the  effects  of 
refraction  and  the  variation  of  atmospheric  density  with 
altitude. 


Comparison  with  ray  traces  in  the  U.S.  Standard  Atmo¬ 
sphere  shows  that  Uplinger’s  approximation  is  accurate  to 
within  a  few  percent  at  an  angle  90°  to  the  zenith,  with 
rapidly  increasing  accuracy  for  smaller  to  the  zenith  an¬ 
gles. 


4.2.2  Elimination  of  inhomogeneity  of  atmospheric  layers 
Providing  that  each  layer  is  found  in  LTE  and  each  gas  is 
uniformly  mixed  within  it,  an  effective  pressure,  tempera¬ 
ture  and  absorber  amount  may  be  specified  for  each  layer. 
The  effective  values  are  those  that  make  the  absorption 
and/or  emission  of  an  equivalent  homogeneous  layer  equal 
to  that  of  the  non-homogeneous  layer.  There  is  no  single 
definition  of  the  effective  pressure  or  temperature  because 
the  effective  values  depend  upon  many  factors  and  will 
in  general  be  different  for  different  absorbing  gases.  The 
most  generally  acceptable  definition,  however,  is  the  den¬ 
sity  weighted  average,  also  known  as  the  Curtis-Godson 
approximation, 

JP{h)p{h)dh  fTih)p{h)dh 

J  p(h)dh  ’  f  p(h)dh  ’ 

where  P  is  the  atmospheric  pressure,  T  is  the  atmospheric 
temperature  and  p  the  total  air  density.  Values  of  pressure, 
temperature  and  gas  density  at  the  layer  boundaries  are 
tabulated  in  various  reference  Atmospheres,  ie  [8].  Inside 
each  layer  the  pressure  and  total  air  density  are  both  as¬ 
sumed  to  follow  an  exponential  distribution,  whereas  tem¬ 
perature  is  assumed  to  vary  linearly  with  height. 


4.3  Calculation  of  the  Spectra  of  Atmospheric 
Gases 

4.3.1  Line-by-line  summation  technique 
The  calculation  of  the  resonant  spectra  of  all  atmospheric 
gases  is  calculated  by  considering  individual  contributions 
from  all  the  spectral  lines  across  the  millimetre  frequency 
spectrum.  At  some  frequency  separation,  which  depends 
upon  constituent  density  and  line  intensity,  contributions 
from  distant  fines  can  be  neglected.  Of  course,  the  suit¬ 
able  lineshape  function  must  be  chosen  according  to  the 
specific  atmospheric  conditions,  pressure  and  temperature. 
The  Van  Vleck-Weisskopf,  Voight  and  Gaussian  lineshape 
functions  are  exclusively  used  for  all  atmospheric  gases. 
For  the  evaluation  of  the  complex  Voight  function  Hui’s 
[9]  numerical  algorithm  has  been  adopted. 


4.3.2  Spectrum  of  O2 

A  modified  VVW  lineshape  function  must  be  used  in 
the  case  of  oxygen,  as  suggested  by  Rosenkranz  [4]  to 
describe  pressure  induced  fine  interference  between  the 
closely  spaced  lines  of  the  60  GHz  oxygen  band.  Line  cou¬ 
pling  occurs  when  collisions  between  a  radiating  molecule 
and  broadening  gas  molecules  cause  the  transfer  of  popula¬ 
tion  between  rotational-  vibrational  molecular  states  and 
result  in  a  re-distribution  of  spectral  intensity  within  a 
band.  Rosenkranz  presented  a  method  in  which  weak  cou¬ 
pling  approximations  and  a  first  order  expansion  of  the 
band’s  shape  lead  to  an  accurate  description  of  the  mi¬ 
crowave  spectrum  of  oxygen  in  the  atmosphere.  Interfer¬ 
ence  coefficients  have  been  given  by  Rosenkranz  [6]  and 
more  recently  by  Liebe  et  al  [10]. 


In  addition  to  pressure  induced  line  interference,  Zeeman 
splitting  of  oxygen  lines  must  be  teiken  into  account  for 
altitudes  above  30  km.  Oxygen,  being  a  paramagnetic 
molecule  is  subject  to  the  Earth’s  magnetic  field,  which 
although  weak,  is  capable  of  introducing  a  line  splitting. 
This  line  splitting  is  also  dependent  on  the  polarisation  of 
the  electromagnetic  radiation.  A  reasonable  approxima¬ 
tion  valid  for  all  microwave  absorption  lines  according  to 
Liebe  [11],  appears  to  be, 

7z  =  -t- 6.944  x  10“*®J3o  cm“\  (14) 

where  Bo  is  the  geomagnetic  field  strength  ranging  from  25 
to  65  Tesla  depending  on  geographic  location  and  altitude. 
For  a  complete  treatment  of  the  Zeemrui  effect,  including 
the  change  of  polarisation  of  the  radiowave,  we  refer  to  the 
comprehensive  work  of  Liebe  [12]. 


4.3.3  Spectrum  of  trace  gases 

The  resonant  spectra  of  trace  gases  are  calculated  employ¬ 
ing  the  fine  by  fine  summation  technique.  Each  absorption 
fine  gives  a  contribution  at  the  frequency  of  consideration 
depending  upon  its  intensity  and  distance  from  the  fine 
centre.  The  lineshape  function  is  as  usually  appropriately 
evaluated  according  to  the  atmospheric  conditions. 


4.3.4  Spectrum  of  H2O 

Although  the  line-by-line  summation  technique  proves 
generally  successful  in  predicting  the  absorption  and  dis¬ 
persion  from  O2  and  other  trace  gases,  it  fails  to  inter- 
prete  the  open-field  and  laboratory  me^lsurements  for  wa¬ 
ter  vapour.  This  seems  not  to  be  the  case  near  the  H2O 
fine  centres,  but  in  the  window  regions.  This  insufficiency 
has  established  the  existence  of  excess  water  vapour  ab¬ 
sorption  (EWA)  to  account  for  the  discrepancy  between 
theory  and  measurements.  As  a  result  an  empirically  de¬ 
rived  term,  known  as  the  H2O  continuum,  hfis  to  be  added 
to  the  contributions  of  local  fines  below  1  THz  to  com¬ 
plete  the  characterization  of  the  water  vapour  spectra  at 
millimetre  wavelengths. 

The  empirically  derived  H2O  continuum  depends  on  the 
square  of  the  water  vapour  density  and  shows  a  very  strong 
negative  temperature  dependence.  Veirious  explanations 
have  been  proposed  to  bridge  the  gap  between  theory  and 
measurements,  including  water  dimers  (^20)2,  submicron 
aerosol  particles  under  conditions  of  high  relative  humid¬ 
ity  and  collision  broadened  far  wings  of  infrared  H2O  lines. 
Nevertheless,  recently  Ma  and  Tiping  [14]  presented  a  the¬ 
ory  which  attributes  the  continuum  to  the  far  wings  of 
allowed  rotational  transitions  of  H2O  in  the  far-infrared 
portion  of  the  spectrum. 

In  this  model  Liebe’s  [11]  temperature  and  density  depen¬ 
dence  for  the  continuum  absorption  have  been  adopted. 
The  water  vapour  continuum  formula,  however,  differs 
from  that  of  Liebe’s  because  of  the  different  number  of 
resonant  fines  involved  in  this  approach.  For  the  disper¬ 
sive  continuum  Hill’s  [13]  expression,  which  calculates  the 
contribution  of  all  fines  above  1  THz  using  the  1982  AFGL 
line-parameters  compilation,  has  been  adopted.  So  the  wa¬ 
ter  vapour  continuum  is  given  by. 


0,  o/300\’'  ®  , 

^300\ 

31.6  e-hp  e  1 

1  T  ) 

(15.a) 

(?)“(’ -«-f)(s)“'. 

i=i 

(15.b) 

where  p  and  e  are  the  dry  air  and  water  vapour  partial 
pressures  in  atmospheres,  T  is  the  absolute  temperature 
in  °K,  V  the  frequency  in  cm~^ ,  Q  the  absolute  humidity 
in  gin~^  and  the  coefficients  Aj,  aj  and  Bj  are  given  in  Ta¬ 
ble  1.  ka  and  ka  are  given  in  units  of  cm“*  and  rad  cm~^, 
respectively. 
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J 

Aj 

aj 

Bj 

1 

1.382 

1.650 

0.199 

2 

-0.214 

0.162 

3.353 

3 

-0.149 

0.178 

3.101 

4 

-0.109 

0.192 

3.005 

Table  I:  Hill’s  dispersive  continuum  coefficients. 

4.3.5  Contributions  from  N2  and  CO2 
Residuals  from  very  strong  CO2  lines  in  the  far-infrared 
and  optical  frequencies  form  a  CO2  continuum  which,  nev¬ 
ertheless,  is  too  weak  to  add  any  contributions  at  mil¬ 
limetre  wavelengths.  Pressure  induced  nitrogen  absorption 
becomes  important  at  high  pressures  and  for  frequencies 
above  100  GHz.  According  to  Stone  et  al  [15]  it  can  be 
expressed  as, 

fcjvj  =  5.42xl0“^°t;^(l-1.972xl0“* cm~\ 

(16) 

Finally  the  term  ko  is  used  to  describe  the  non-dispersive 
radio  refractivity, 

ko  ='2nvl0~^[Ndry{p,T)  +  Nu,et{e,T)]  cm“\  (17) 
with  the  dry  and  wet  components  of  refractivity  given  by, 

Ndry  =  78.6687  x  10®  ppm,  (18.a) 

=  3.8  X  10*  ^  -  5.67  x  10®  ^  ppm.,  (18.b) 

where  p  and  e  are  the  barometric  and  water  vapour  partial 
pressures  in  atmospheres,  respectively,  and  T  the  temper¬ 
ature  in  °  K . 

5.  SPECTRA  OF  TRACE  GASES 

The  effect  of  trace  gases  on  radiowave  attenuation  and 
phase  dispersion  has  always  been  regarded  as  insignificant 
at  millimetre  wavelengths.  This  is  indeed  true  for  appli¬ 
cations  operating  close  to  the  Earth’s  surface  where  at¬ 
tenuation  and  dispersion  are  dominated  by  O2  and  H2O. 
At  higher  Eiltitudes  and  for  selected  frequency  intervals, 
however,  trace  gases  are  the  principal  contributors. 

This  is  evident  in  Fig.  2  where  characterisation  of  the 
transfer  function  of  the  atmospheric  window  centered  at 
250  GHz  for  an  aircraft-satellite  path  is  illustrated.  The 
aircraft  is  assumed  to  fly  at  10  km  altitude  looking  to  the 
satellite  at  an  angle  80°  to  the  zenith.  Contributions  from 
various  trace  gases  are  shown  with  O3  being  the  main  con¬ 
tributor.  The  frequency  ranges  from  246  GHz  to  252  GHz 
while  the  frequency  step  is  1  MHz. 


Fig.  2.  Calculation  of  the  transfer  function  of  the  atmo¬ 
sphere  along  a  10-120  km  slant  path  at  80°  to  the  zenith. 

a.  Comparison  to  the  total  attenuation  predicted  from  the 
model  and  attenuation  predicted  only  from  O2  and  H2O. 
Also  shown  are  contributions  from  O3  and  N2O. 

b.  Dispersive  delay. 


6.  APPLICATIONS 

The  model  described  here,  -also  known  as  the  Atmospheric 
Propagation  Model  [16]-,  has  been  used  to  assess  the  po¬ 
tential  of  the  60  GHz  absorption  band  for  topside  air  traffic 
control  and  broadband  transmission  purposes  [17]. 

To  illustrate  the  typical  losses  encountered  in  the  aircraft 
to  satellite  (AS)  and  aircraft  to  ground  (AG)  paths,  cal¬ 
culations  have  been  done  for  an  example  ascent  path.  An 
aircraft  which  takes  off  from  New  York,  flies  over  the  At¬ 
lantic  Ocean  and  finally  lands  at  London  Heathrow  and 
a  geostationary  satellite  at  50°  West,  define  the  geometry 
of  the  application  which  is  shown  in  Fig.  3.  The  eleva¬ 
tion  angle  from  the  aircraft  to  the  satellite  varies  during 
the  course  of  flight  between  15°  and  35°,  while  the  corre¬ 
sponding  angle  to  the  zenith  varies  between  6.86°  to  8.36°. 


Fig.  3.  A  ircraft- to- satellite  path  geometry. 
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Fig.  4.  Path  loss  in  dB  and  phase  dispersion  in  rad  as  a 
function  of  altitude  for  a  typical  civilian  aircraft  ascent. 
AS:  aircraft-to-satellite  path,  AG:  aircraft-to-ground  patli. 
—  :  /i  =54.671  GHz, - :  /2=54.862  GHz, 

The  output  from  APM  is  shown  in  Fig.  4,  where  attenua¬ 
tion  and  dispersion  profiles  at  selected  frequencies  in  the  60 
GHz  O2  absorption  band  both  for  AS  and  AG  paths  ai’e 
plotted.  It  is  then  possible  to  evaluate  the  isolation  be¬ 
tween  the  AS  and  AG  paths.  At  4  km  AS2=AG2=12dB, 
at  6  km  AS2=8dB,  AG2=16dB  and  the  isolation  is  8dB. 
As  the  aircraft  advances  to  higher  altitudes  the  isolation 
increases  to  12dB  at  8  km  and  17dB  at  10  km,  while  the 
AS  path  loss  reduces  attractively  to  6.25  and  3.75dB,  re¬ 
spectively. 

7.  CONCLUSIONS 

A  modelling  approach  for  the  calculation  of  the  trans¬ 
fer  function  of  the  clear  atmosphere  has  been  presented. 
The  model  predicts  the  absorption  and  dispersion  result¬ 
ing  from  the  principal  contributors  O2  and  H2O  and  other 
trace  gases  such  as  O3,  N2O,  HNOs,  etc  in  the  earth’s  at¬ 
mosphere.  Trace  gases  play  an  important  role  in  the  char¬ 
acterisation  of  atmospheric  radiowave  propagation  when 
slant  paths  at  high  altitudes  are  considered.  Their  con¬ 
tribution  to  attenuation  may  not  be  negligible,  indeed  for 
selected  ‘window’  frequency  intervals  trace  gas  contribu¬ 
tions  may  be  dominant. 
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1.  INTRODUCTION 

The  military  use  of  space  for  communications  has  seen 
dramatic  changes  since  its  first  use  in  the  1960's.  This 
paper  presents  some  of  the  advances  made,  explores 
some  of  the  current  technical  trends  and  proposes  some 
key  areas  which  need  to  be  addressed  in  the  future. 

The  use  of  3-axis  stabilised  rather  than  spin  stabilised 
satellites  has  enabled  a  significant  increase  in  the  DC 
power  which  can  be  generated  using  large  solar  arrays 
and  has  provided  the  platform  necessary  to  mount 
sophisticated  electronics  and  large,  complex  antenna 
systems. 

The  advantages  of  satellite  communication  over 
terrestrial  systems  in  terms  of  coverage,  availability  and 
ruggedness  are  now  widely  accepted.  The  modem 
demand  for  highly  flexible  and  rapid  force  deployment 
by  NATO  and  Allied  powers  has  further  strengthened  the 
case  for  satellite  communications.  Survivable 
communications  is  a  vital  component  in  the  C?I  systems 
necessary  for  efficient  military  deployments  during 
stress. 

The  Gulf  Conflict  demonstrated  for  the  first  time  the  full 
potential  of  space  systems  in  military  operations. 
Satellite  communications  in  particular  played  an  essential 
role  in  support  of  all  operations  both  land  based  and 
shipbome.  Satellite  communications  continue  to  provide 
vital  support  to  NATO  activities  in  Bosnia. 

At  a  time  when  budget  pressures  are  leading  to  critical 
reviews  of  expenditures  amongst  allied  nations  the  need 
for  the  retention  of  a  highly  resilient  space  resource 
remains  paramount.  The  end  of  the  Cold  War  has  not 
fundamentally  reduced  the  potential  threats  to  the  Allied 
nations.  Satellites  remain  a  key  resource  to  maintain 
both  national  security  and  for  humanitarian  and  peace 
keeping  roles  worldwide. 

2.  TRENDS  IN  MILITARY  SATCOMS 
2.1  Mobility 

There  has  always  been  a  military  requirement  for 
reliable,  light  weight,  communications  terminals.  Until 
the  1980's  with  the  advent  of  new  generation  satellites 
high  mobility  was  certainly  not  a  feature  of  satellite 
communications.  The  TCS  500  terminal  once  deployed 


by  the  UK  military  exemplifies  this  ;  the  terminal  had  a 
13m  antenna,  a  lOkW  klystron,  took  35  men  to  operate 
and  a  Belfast  and  4  Hercules  aircraft  to  deploy  [6].  The 
terminal  provided  1  secure  speech  and  12  telegraph 
channels.  This  was  still  hailed  at  the  time  as  providing  a 
significant  improvement  over  the  previous  HF  systems. 
The  modem  satellite  terminal  with  equivalent 
performance  to  the  TCS  500  system  is  now  a  man 
portable  system  typically  weighing  on  the  order  of  10- 
15Kg  deployed  and  operational  within  a  few  minutes  by 
one  person. 

There  remain  praetical  limits  to  the  miniaturisation  of 
military  systems  in  stressed  situaticms  however.  This  is 
governed  by  the  anticipated  threats  to  the  network. 
Smaller  terminals  will  always  be  more  susceptible  to 
uplink  jamming  despite  the  advances  made  to  ECCM 
techniques.  Although  handheld  systems  of  the  types 
envisaged  for  next  generation  civil  systems  will  have 
applications  for  routine  communications,  larger  portable 
and  mobile  terminals  will  continue  to  be  necessary  to 
provide  the  EIRP  necessary  to  guarantee  at  least  low  rate 
communications  in  times  of  stress. 

2.2  Frequency  Bands 

Military  satellite  communications  operate  in  UHF,  X- 
band  and  EHF  frequencies.  Until  the  introduction  of  the 
FLTSATCOM  Elff  Package  and  MILSTAR  systems, 
military  traffic  was  exclusively  carried  at  UHF  and  SHF. 

There  are  several  compelling  reasons  for  the  move  to 
EHF  in  militaiy  satcoms.  Wider  available  bandwidths 
provide  more  ECCM  protection  and  higher  frequencies, 
improves  the  LPE  performance  and  increase  the 
availability  of  circuits  following  exo-atmospheric  nuclear 
events.  EHF  is  less  affected  by  black  out  and  scintillation 
effects  than  SHF  in  these  situations.  There  are  however 
also  disadvantages  to  the  wide  scale  use  of  EHF  namely 
system  cost  and  circuit  availability. 

The  main  technique  to  improve  the  availability  of  a  link 
due  to  rain-induced  signal  attenuation  is  to  implement  a 
so  called  rain  margin.  This  margin  however  increases 
drastically  with  the  desired  link  availability,  particularly 
at  high  frequencies.  At  X-band  margins  of  the  order  of  5 
dB  are  normally  employed  to  guarantee  link  quality  at 
the  typical  99.9%  availability  levels  required. 
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Corresponding  margins  at  EHF  can  be  of  the  order  of  20 
-  30  dB  depending  upon  the  climatic  region.  In  the 
absence  of  stress  SHF  therefore  provides  a  higher  link 
availability.  EHF  could  not,  for  example,  meet  the 
availability  required  of  a  civil  ISDN  network. 

The  major  performance  tradeoff  in  the  choice  of  SHF  or 
EHF  is  between  the  enhanced  LPE  and  A/J  performance 
at  EHF  and  the  enhanced  overall  availability  at  SHF.  The 
replacement  value  of  the  currently  installed  infrastructure 
(mainly  SHF)  must  also  be  considered.  Since  the  added 
LPE  and  A/J  protection  is  of  greatest  benefit  to  small 
disadvantaged  terminals  the  general  trend  is  to  allocate 
EHF  to  serve  this  need  in  next  generation  systems.  Large 
transportable  and  fixed  strategic  installations  are  not  so 
disadvantaged  against  jammers  in  terms  of  EIRP.  In  the 
future  it  is  probable  therefore  that  they  will  continue  to 
provide  the  high  rate  trunk  backbone  services  for  military 
traffic. 

3.  TECHNOLOGIES 

The  increasing  trend  in  the  mobility  of  military  forces 
associated  with  the  use  of  lightweight  portable  terminals 
will  be  a  key  driver  of  the  design  of  MILSATCOMs. 

The  significant  advances  in  the  flexibility  and  mobility  of 
miUtary  satellite  communications  has  been  primarily  the 
result  of  advances  made  in  satellite  design.  Key  features 
include : 

the  use  of  a  range  of  ECCM  techniques  and  on  board 
processing  in  particular 

the  use  of  A/J  and  high  gain  spot  beam  antennas 
which  can  be  directed  to  any  point  on  the  earth 

intersatellite  links 

life  extending  propellant  systems 

3.1  On  Board  Processing 

On  board  processing  (OBP)  is  becoming  an  essential 
feature  of  military  satcom  systems  in  order  to  obtain  the 
full  advantage  of  A/J  protection  on  the  critical  uplink 
path  against  jamming  attack.  OBP  will  become  a 
common  feature  on  future  MILSATCOM  systems  and  is 
already  used  to  various  levels  on  the  current  SKYNET, 
DSCS  and  Syracuse  systems  particularly  on  the  critical 
satellite  command  channel.  MILSTAR  and  some 
FLTSATCOM  satellites  incorporate  OBP  on  both  the 
command  and  communications  channels. 

New  generation  military  systems  are  employing 
frequency  hopping  spread  spectrum  (FHSS)  processors. 
FHSS  has  several  advantages  over  direct  sequence 
spread  spectrum  (DSSS).  In  particular,  significantly 
wider  bandwidths  can  be  practically  implemented  and 
the  FHSS  waveform  is  more  robust  against  sophisticated 
jammer  strategies.  This  has  particular  application  to 
small  terminals  which  require  as  much  protection  as 
possible  against  jammers. 

It  is  probable  that  future  military  systems  will  benefit 


from  the  advances  currently  being  made  in  the  civil 
satellite  sector.  Although  not  specifically  designed  as 
anti-jam  systems,  the  advantages  of  OBP  in  terms  of 
improvements  in  link  performance,  channel  capacity  and 
data  rate  conversion  [3]  are  of  significant  importance  to 
the  civil  operators.  The  ability  of  OBP  satellites  to 
perform  autonomous  traffic  routing  and  switching  and 
the  reduced  dependence  on  the  ground  segment  can  also 
be  important. 

These  advantages  have  encouraged  civil  systems  to  move 
towards  OBP  and  their  requirements  in  terms  of 
processing  capability  are  likely  to  be  much  greater  than 
those  of  military  systems.  It  is  probable  that  in  the  future 
technology  transfer  will  occur  from  civil  to  military 
systems. 

In  addition  to  its  ECCM  advantages  for  military  systems 
OBP  also  enables  the  implementation  of  additional  state 
of  the  art  techniques  for  both  the  civil  and  military  areas. 
Specific  area  that  require  or  benefit  from  OBP 
capabilities  are : 

a)  the  use  of  multibcam  antenna  systems  in  which 
digital  beam  forming  can  allow  the  generation  of 
large  numbers  of  beams  with  independent 
characteristics  thus  saving  spacecraft  power. 

b)  highly  complex  channel  to  beam  routing  can  be 
achieved  compared  with  analogue  implementation. 

c)  the  introduction  of  inter-satellite  links  for  integrating 
a  constellation  of  satellites. 

The  first  two  can  be  associated  either  with  regenerative 
or  transparent  architectures,  while  ISLs  typically  require 
regeneration  of  the  user  data. 

3.2  Antenna  Systems 

Early  spacebome  antenna  systems  of  the  type  used  on 
for  example  the  SKYNET  2  satellite  comprised  simple 
earth  cover  horns  and  reflector  system  which  had  low 
gain  (typically  17  dB).  The  resulting  EIRP  was 
consequently  low  and  large  aperture  ground  stations  were 
therefore  required  to  maintain  the  communications  link. 
Such  antenna  systems  also  had  no  ECCM  protection 
facilities  to  mitigate  against  the  effects  of  uplink 
jamming. 

Current  and  planned  military  antenna  systems  capable  of 
providing  jammer  protection  are  now  among  the  most 
complex  elements  of  the  communications  payload.  The 
systems  not  only  contain  the  radiating  structure  but  also 
the  transmit/receive  electronics  and  the  control 
electronics  required  both  to  detect  and  null  interfering 
sources.  Two  basic  antenna  types  are  generally  used  to 
provide  the  A/J  function:  phased  arrays  or  multi-beam 
antennas.  Each  has  advantages  depending  upon  the 
specific  requirement  [4]. 

Fixed  and  mechanically  steered  high  gain  spot  beams  are 
also  now  used  in  modem  military  satellites  such  as 
SKYNET  4  to  provide  communications  to  small  tactical 
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and  man  portable  terminals. 

Progress  in  the  civilian  field  has  also  been  significant. 
For  example,  the  latest  generation  Inmarsat  3  payload 
incorporates  a  highly  flexible  antenna  system  the  gain  of 
which  can  be  adapted  electronically  to  cope  with  various 
traffic  demands  within  the  satellite  field  of  view. 

3  J  IntersatelUte  Links 

Intersatellite  links  provide  advantages  in  terms  of 
eliminating  the  requirement  for  multihop  through  ground 
station  relays.  This  has  potential  significance  militarily 
since  a  nation  can  control  complete  global  coverage  of 
satellites  from  its  own  territoiy.  Ground  relays  outside 
national  jurisdiction  could  be  more  vulnerable  in  times  of 
stress. 

Intersatellite  hnks  at  RF  are  chosen  to  lie  in  the  oxygen 
absorption  bands  to  eliminate  the  chance  of  interception 
from  the  ground.  60GHz  links  are  currently  employed 
on  the  MILSTAR  system.  Optical  intersatellite  links 
have  also  been  proposed  for  future  satellite  systems 
although  no  operational  optical  system  has  yet  been 
deployed  in  space.  However  optical  technology  has 
evolved  to  a  point  where  the  feasibility  of  such  systems 
for  space  applications  has  been  demonstrated. 

3,4  Propellant  Systems 

Both  military  and  civilian  satellites  are  designed  with  a 
significant  amount  of  redundancy  and  the  use  of  life 
limited  items  is  minimised  wherever  possible.  The  net 
result  is  that  the  primary  end  of  life  driver  in  satellites  is 
often  the  amount  of  fuel  carried  ot  maintain  the  satellite 
on  station.  New  generation  electrical/ion  propulsion 
systems  are  now  maturing  which  will  enable  satellites  to 
be  maintained  on  station  for  greater  than  the  current 
levels  of  around  10  years.  Ion  propulsion  can  reduce  the 
propellant  requirement  of  geostationary  satellites  by 
some  90%. 

Launch  costs  contribute  some  30%  of  the  total  through 
life  cost  of  a  system  and  are  normally  proportional  to 
satellite  mass.  Launch  cost  reduction  CMnbined  with  life 
extension  in  orbit  can  lead  to  significant  savings  on  the 
total  cost. 

4.  SYSTEM  MANAGEMENT  AND  CONTROL 
Future  military  satcoms  will  become  increasingly 
complex  to  support  both  the  greater  traffic  volumes,  the 
greater  diversity  of  users  (particularly  highly  mobile 
netted  users),  improved  spectrum  monitoring  and 
advanced  ECCM  techniques.  Current  command  and 
control  measures  will  be  unable  to  cope  with  this 
increase  in  volume  and  sophistication.  Coupled  with  this 
is  the  continual  pressure  to  reduce  the  overall  life  cycle 
costs  of  systems  which  inevitably  leads  to  requirements 
for  reduced  manning  levels. 

Given  these  conflicting  constraints  there  will  be  an 
increasing  requirement  for  higher  levels  of  automation  in 
system  management  and  control.  In  the  long  term  the 


use  of  AI  techniques  can  be  envisaged  although  this 
technology  is  still  at  an  embryonic  stage.  Short  to 
medium  term  solutions  will  include  a  high  degree  of 
information  pre-processing,  enhanced  HQ  displays, 
improved  fault  diagnostic  techniques  and  the  possible 
use  of  knowledge  based  systems  to  deal  with  satellite  or 
network  anomalies.  Specific  areas  that  could  be 
addressed  by  these  techniques  are  ECCM,  satellite  access 
control,  link  performance  assessment  and  management. 

The  increasing  sophistication  of  satellite  on-board 
ECCM  methods  such  as  jammer  detection  and  nulling 
will  also  require  future  spacecraft  to  have  a  greater 
degree  of  autonomy.  Conventional  TT&C  operations 
which  have  hitherto  been  undertaken  from  the  ground 
will  not  be  feasible  given  the  significant  amount  of  data 
transfer  required  and  the  loop  around  time  constraints 
which  would  introduce  an  unacceptable  delay  to  the 
operation  of,  for  example,  antenna  nulling  algorithms.  It 
will  be  essential  that  a  high  degree  of  processing  is 
performed  on  board  the  satellite  to  enable  only  top  level 
command  and  telemetry  to  be  required. 

5.  THE  MILITARY  USE  OF  COMMERCIAL 
SATELLITE  SYSTEMS 

The  basic  technologies  used  for  both  civil  and  military 
satellites  are  essentially  the  same.  There  has  therefore 
been  pressure  to  determine  if  nations  do  indeed  require  a 
dedicated  military  satellite  capability  to  meet  the 
requirement. 

Military  systems  are  currently  hardened  against  ECM, 
nuclear  burst  radiation  effects,  EMP  and  laser  attack. 
The  communications  capabilities  of  military  systems  are 
however,  being  rapidly  outpaced  by  commercial  systems. 
The  reasons  for  this  are  largely  due  to  the  military 
requirements  for  high  survivability,  security  and 
reliability  in  a  stressed  environment.  These  requirements 
make  military  systems  more  expensive  than  the 
commercial  counterparts,  less  flexible  and 
technologically  more  conservative. 

Present  day  commercial  systems  do  not  however,  provide 
a  universal  answer  to  military  communications. 
Although  systems  can  and  are  used  for  routine  military 
activities  such  as  administration  they  are  incapable  of 
meeting  fundamental  military  operational  requirements 
due  to  the  following  constraints  : 

They  are  highly  vulnerability  to  traffic  interception 
and  exploitation. 

The  jamming  threat  in  many  parts  of  the  world  is 
real.  The  technology  to  produce  jammers  at  military 
and  civil  satellite  frequencies  is  inexpensive, 
comparatively  low  tech,  available  and  readily 
deployable. 

There  is  no  direct  national  control  over  the  space 
segment. 

Having  total  control  of  the  system  to  modify 
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transmission,  frequency  allocations,  bandwidth  and 
beam  coverage  are  key  factors  to  the  military  user. 
A  civil  system  cannot  guarantee  the  same  response 
time  or  traffic  connectivity  to  an  area  of  conflict. 

There  are  difficulties  associated  with  international 
frequency  co-ordination  and  related  political  and 
legal  constraints. 

Commercial  satellite  commimication  system  are  not 
permitted  by  convention  to  carry  operational  war 
traffic,  which  at  a  time  of  crisis  eliminates  its  use  for 
military  purposes.  Ownership  and  control  of  the 
system  is  essential  to  ensure  that  rapid  response  is 
possible  to  re-allocate  capacity,  assign  new 
priorities,  re-point  coverage  zones  or  even  charge  the 
satellites  orbital  position. 

Smdies  have  now  been  conducted  by  many  nations.  In 
summary  the  basic  conclusion  is  that  civil  systems  are 
perfectly  adequate  in  peace  time  scenarios  but  are  highly 
susceptible  to  ECM  and  physical  attack  in  times  of  stress. 

Civil  systems  will  continue  to  have  a  significant  role  in 
military  communications  despite  these  drawbacks.  The 
US  army  is  currently  adding  triband  terminals  to  its 
communications  infrastructure  [1].  This  will  increase  the 
flexibility  and  permit  the  use  of  commercial  satellites,  as 
directed  by  recent  congressional  action  and  Defence 
Department  guidance.  It  is  probable  that  similar 
techniques  will  be  adopted  by  other  allied  nations. 

6.  CURRENT  SATELLITE  SYSTEMS 
Although  the  following  is  by  no  means  an  exhaustive 
survey  of  operational  satellites,  these  systems  represent 
the  current  state  of  the  art  in  satcom  and  military 
communications  and  include  the  main  technical  features 
discussed  in  this  paper. 

6.1  ACTS 

The  Advanced  Communications  Technology  Satellite 
(ACTS)  is  a  NASA  experimental  satellite  launched  in 
1993.  Its  purpose  is  to  investigate  new  technologies, 
such  as  on-board  processing  and  utilisation  of  the  Ka 
band. 

Although  the  ACTS  is  essentially  experimental  and 
operates  in  the  Ka  band  rather  than  the  military  EHF 
band,  the  system  incorporates  many  of  the  features  that 
will  be  utilised  in  future  systems.  ACTS  key  technologies 
include  electronically  hopping  multiple  spot  beam 
antennas,  on-board  processing  and  switching  and  Ka 
band  transmit  and  receive  subsystems.  Of  particular 
relevance  to  EHF  communications  is  the  incorporation  of 
power  control  in  the  ACTS  ground  staticms  and  satellite 
to  compensate  for  atmospheric  fading  due  to 
precipitation. 

6.2  FLTSATCOM 

The  FLTSATCOM  system  was  the  first  operational 
system  for  mobile  tactical  users.  Later  flight  versions  (7 


and  8)  incorporate  an  experimental  EHF  package 
containing  a  spot  beam  and  a  global  beam  antenna 
system.  The  satellite  also  houses  an  autonomous 
resource  controller  which  automatically  sets  up  circuits 
at  various  data  rates  between  the  beams  to  support 
individual  users.  It  has  often  been  heralded  as  the  first 
true  "switchboard  in  the  sky." 

6.3  SKYNET  System 

The  current  3  operational  SKYNET  4  satellites  and  the 
proposed  SKYNET  4  Stage  2  next  generation  systems 
provide  the  UK  MoD  with  a  rugged  and  flexible  space 
resource  into  the  next  century.  The  system  together  with 
its  predecessor  SKYNET  2  has  proven  the  benefits  of 
satcoms  to  the  UK  in  the  Falklands,  the  Gulf  and  Bosnia. 

The  satellites  contain  SHF,  UHF  and  experimental  EHF 
payloads  with  protected  broadcast  and  command 
channels  and  an  on  board  nulling  antenna  system. 
Enhancements  on  the  Stage  2  systems  include  steerable 
spot  beams,  more  sophisticated  nulling  capabilities  and 
commandable  UHF  channel  frequencies.  These  facilities 
will  provide  a  significant  increase  in  capabilities  in 
particular  for  the  deployment  of  small  mobile  and  man 
portable  systems. 

6.4  DSCS 

The  Defence  Satellite  Communication  System  (DSCS) 
provides  the  main  milsatcom  bearer  system  for  the  USA. 
The  current  generation  DSCS  III  satellites  contain 
advanced  SHF  multiple  beam  antennas  that  can  be 
electronically  switched  to  provide  beam  coverages 
ranging  from  earth  cover  to  spot  beam.  The  system  also 
provides  an  advanced  A/J  nulling  capability. 

The  DSCS  satellite  constellation  has  been  designed  for 
use  into  the  next  century.  Follow  on  programmes  may 
include  further  enhancements  in  OBP  and  A/J 
capabilities.  Studies  are  on-going  to  determine  if  the 
new  system  will  be  an  exclusive  US  development  or 
form  part  of  an  international  satellite  programme  with  the 
UK  and  France. 

6.5  Syracuse  II 

The  French  military  space  segment  uses  a  multipurpose 
Telecom  II  satellite  which  operates  in  the  C  and  Ku 
bands  for  civil  applications  and  at  X-band  for  military 
purposes. 

Key  features  of  the  system  include  a  degree  of  on-board 
autonomy  and  a  flexible  antenna  system  with  fixed  and 
steerable  beams.  The  system  operates  at  X-band  and 
provides  commimications  to  fixed  and  mobile  terminals 
including  airborne  and  submarine  platforms. 

6.6  MILSTAR 

The  current  state  of  the  art  in  MILSATCOM  is 
undeniably  the  MILSTAR  system.  This  is  a  genuine 
highly  survivable  war  fighting  system.  The  two  initial 
MILSTAR  satellites  provide  interoperable  voice  and  data 
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links  up  to  2.4kbps  at  EHF.  Each  satellite  has  a  capacity 
of  192  uplink  channels  operated  in  one  of  nine  satellite 
service  beam  areas.  The  next  generation  satellites,  if 
approved,  will  include  upgrades  in  communications 
capacity  to  1.544Mbps  and  enhanced  nulling  antenna 
capability. 

The  system  comprises  highly  directive  antennas  to 
reduce  the  probability  of  jamming  or  detection  by  enemy 
forces.  A  sophisticated  on  board  processing  system  and 
communication  waveform  also  provides  a  significant 
amount  of  A/J  protection  as  well  as  making  transmissions 
difficult  to  detect.  The  system  is  aimed  primarily  at 
support  of  tactical  circuits  to  highly  mobile  units. 

6.  CONSIDERATIONS  FOR  THE  FUTURE  OF 
MILITARY  SATELLITE  COMMUNICATIONS 

It  is  unlikely  that  fundamental  changes  will  occur  in  the 
NATO  and  Western  allied  eountry  infrastmctures  in  the 
near  future.  The  US,  UK  and  France  in  particular  have 
made  significant  investments  in  their  respective  satellite 
infrastructures  and  any  new  system  will  be  required  to  be 
backwards  compatible  with  these  systems  to  maximise 
the  investments  made.  This  approach  has  the  obvious 
cost  advantages  of  using  existing  facilities.  It  can 
however,  tend  to  proliferate  the  conservation  design 
approach  which  is  often  associated  with  military  systems. 

Cost  is  and  will  remain  a  major  issue  in  the  procurement 
of  future  MILSATCOM  systems.  Western  allied  nations 
are  currently  actively  considering  the  possibilities  of 
collaborative  military  space  programmes  in  the  Inmilsat 
(US/UK/France),  Bimilsatcom  (UK/France)  and 
Eumilsatccm  (European)  initiatives  in  a  wide  range  of 
international  study  programmes.  The  various  nations  are 
taking  advantage  of  the  fact  that  their  individual 
MILSATCOM  space  resources  will  be  nearing  their 
design  lifetimes  at  approximately  the  same  time.  The 
aim  will  be  to  use  this  opportunity  to  cost  share  the 
resources  although  their  remain  a  number  of  issues 
regarding  control  of  the  space  segment  resource  and  the 
optimum  technology  solution  to  meet  (he  varying 
requirements  which  need  to  be  resolved. 

Advanced  digital  coding  and  data  compression  systems 
for  both  speech  and  video  systems  will  enable  more 
efficient  use  to  be  made  of  the  available  bandwidth. 
Future  systems  will  also  be  anticipated  to  use  more 
demand  assigned  multiple  access  (DAMA)  techniques  to 
provide  more  flexibility  and  increased  capability. 
DAMA  networks  are  already  replacing  dedicated  single 
channel  per  carrier  systems  both  in  the  military  and  civil 
(VS AT)  areas  [5].  INMARSAT  currently  operates 
conunercial  DAMA  satcom  networks  for  mobile  users. 
DAMA  systems  are  also  operated  in  the  military  UHF 
band  on  the  UHF  -  Follow  on  satellite,  FLTSAT  and 
LEASAT  by  the  US  DoD. 

Military  satellite  communications  are  essential  to  provide 
the  operational  flexibility  and  reliability  under  a  stressed 
environment.  This  can  only  reliably  be  provided  with  a 


dedicated  resource,  although  civil  systems  have  their 
place  as  part  of  the  media  mix. 

It  is  debatable  whether  military  satellite  communications 
will  wish  to  follow  the  trends  into  flexible  satellite  access 
and  call  management  systems  which  are  now  becoming 
prevalent  in  the  civil  satellite  sector.  Military  systems 
will  always  need  to  retain  a  strict  command  hierarchy. 

The  view  of  satellite  communications  merely  providing  a 
rear  link  back  to  HQ  is  also  changing.  Satellite  terminals 
now  also  play  a  vital  role  in  tactical  battlefield 
operations.  The  new  generation  of  highly  mobile  ground 
terminals  operating  at  X-band  and  EHF  are  now  key  to 
military  operations. 

Military  satellite  communications  has  proved  its  worth  in 
the  Gulf  which  has  been  heralded  as  the  first  space 
conflict.  Current  and  planned  military  satcom  systems 
will  continue  to  provide  robust  anti-jam  communications 
so  cmcial  to  successful  operations  on  the  modem 
battlefield. 
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DISCUSSION 

Discusser’s  name:  L.  Castanet 

Comment/Question: 

Concerning  the  use  of  EHF,  you  said  that  it  permits  fast  recovery  from  scintillations. 

The  OLYMPUS  campaign  showed  that  scintillations  are  higher  with  frequency.  Could  you  explain 
that  point? 

Author/Presenter’s  reply: 

I  was  referring  to  scintillation  effects  after  hostile  nuclear  events. 


Discusser’s  name:  G.  S.  Brown 


Comment/Question: 

What  effect  do  you  see  the  “assembly  in  space”  approach  having  on  the  future  of  communication 
satellites? 


Author/Presenter’s  reply: 

Commercial  systems  insist  on  the  ability  to  use  alternative  launch  methods  -  which  tends  to  favour 
conventional  launch  vehicles.  In  the  medium  term  this  is  also  sufficient  to  provide  the 
mass/power/size  needed  for  the  missions.  “Assembly  in  space”  could  be  applied  further  in  the 
future,  but  we  are  not  so  far  seeing  needs  emerging.  Military  systems  are  likely  to  follow 
commercial  practice  for  cost  reasons. 


Discusser’s  name:  J.  Aarons 


Comment/Question : 

What  is  the  role  of  UHF  transmissions  in  new  military  satellites? 


Author/Presenter’s  reply: 

UHF  is  very  popular  with  military  users  because  of  the  low  cost  and  simplicity  of  the  terminals, 
despite  the  vulnerability  of  UHF  to  jamming  and  exploitation.  The  simplicity  and  wide-beam  width 
of  the  antennas  also  make  UHF  SATCOM  easy  to  use.  However,  in  addition  to  EW  vulnerability 
it  is  very  prone  to  interference. 
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Earth-Space  Links  and  Fade-Duration 
Statistics 
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Pasadena,  CA  91 109,  U.S.A. 


1.  Abstract 


The  lognormal  probability  density  function  is  given  by 


In  recent  years,  fade-duration  statistics  have  been  the 
subject  of  several  experimental  investigations.  A  good 
knowledge  of  the  fade-duration  distribution  is  important 
for  the  assessment  of  a  satellite  communication  system’s 
channel  dynamics:  What  is  a  typical  link  outage 
duration?  How  often  do  link  outages  exceeding  a  given 
duration  occur? 

Unfortunately  there  is  yet  no  model  that  can  universally 
answer  the  above  questions.  The  available  field 
measurements  mainly  come  from  temperate  climatic  zones 
and  only  from  a  few  sites.  Furthermore,  the  available 
statistics  are  also  limited  in  the  choice  of  frequency  and 
path  elevation  angle. 

Yet,  much  can  be  learned  from  the  available  information. 
For  example,  we  now  know  that  the  fade-duration 
distribution  is  approximately  lognormal.  Under  certain 
conditions,  we  can  even  determine  the  median  and  other 
percentiles  of  the  distribution.  This  paper  reviews  the 
available  data  obtained  by  several  experimenters  in 
different  parts  of  the  world.  Areas  of  emphasis  are  mobile 
and  fixed  satellite  links.  Fades  in  mobile  links  are  due  to 
roadside-tree  shadowing,  whereas  fades  in  fixed  links  are 
due  to  rain  attenuation. 

2.  Introduction 

Digital  radio  communication  systems  are  influenced  by 
the  dynamics  of  fade  events,  that  is,  fade  rate,  fade 
duration,  and  inter-fade  duration.  In  a  digital  receiver, 
signal  decoding  and  synchronization  (timing  and  phase) 
can  be  affected  by  the  distribution  of  fade  events.  For 
long  fades,  a  receiver  could  lose  lock,  and  reacquisition 
may  become  necessary.  Therefore,  fades  and  their 
statistical  distribution  influence  service  availability, 
receiver  loss  of  lock  probability,  and  decoder 
performance.  We  will  examine  fade-duration  statistics  on 
Earth-space  links. 

On  satellite  links,  fade  events  can  result  from  atmospheric 
causes  (rain)  or,  in  the  case  of  mobile  satellite  links,  from 
tree  shadowing  and  blockage.  The  analysis  of  measured 
data  has  shown  that  both  types  of  fade  give  rise  to  fade- 
duration  statistics  that  can  be  approximated  with  a 
lognormal  distribution  [1,  3,4]. 


pAz)  = 


SZ-'fM 


exp[- 


(ln(z)  -  mf 
2s^ 


(1) 


where  z  denotes  the  random  variable,  and  s  and  m  are  the 
standard  deviation  and  the  mean  of  ln(z).  The  cumulative 
distribution  of  z  can  be  obtained  by  integrating  the  above 
function  from  Z  to  infinity  resulting  in  the  probability  that 
z  is  larger  or  equal  to  Z: 


P{z  >  Z)  =  -erfc[-^^^  ]  (2) 

where  erfc  denotes  the  complementary  error  function. 
For  convenience,  Eq.  (2)  can  be  multiplied  by  100  to 
express  the  probability  as  a  percentage. 

3.  Fade-Duration  Statistics  in  Mobile  Satellite  Links 

Fade-duration  statistics  caused  by  tree  shadowing  were 
obtained  from  measurements  made  in  south-eastern 
Australia  at  a  frequency  of  1.5  GHz  and  a  path  elevation 
angle  of  51°  [1].  The  data  were  shown  to  fit  the 
lognormal  distribution  with  good  accuracy  when  m  =  - 
1.514  and  s  =  1.215,  for  a  5-dB  fade  threshold.  The 
distribution  encompassed  road  types  that  exhibit 
moderate  and  extreme  shadowing  — see  reference  1  for  a 
description  of  shadowing  types.  This  distribution  is 
shown  in  Figure  1.  Note  that  fade  duration  is  given  in 
meters  rather  than  seconds.  Distance  durations  may  be 
converted  to  time  durations  by  dividing  the  former  by  the 
speed  of  the  vehicle,  which  was  nominally  25  m/s  in  the 
Australian  experiment. 

For  this  example,  50  percent  of  all  the  fade  events 
consisted  of  fades  shorter  than  0.22  m.  At  a  speed  of  25 
m/s,  this  translates  to  less  than  0.01  s.  Ninety-nine  percent 
of  all  fade  events  consist  of  fades  with  durations  shorter 
than  4  m,  which  is  equivalent  to  a  time  duration  of  0.16  s. 
Therefore,  it  appears  that,  for  this  example,  fade  durations 
are  generally  short  enough  to  avoid  receiver 
synchronization  problems  (at  least  for  most  of  the  time). 
Other  experimental  data  have  shown  that  for  tree 
shadowing,  fade  durations  increase  with  decreased 
elevation  angle.  For  instance,  the  fade  duration  for  a  30° 
elevation  angle  has  been  observed  to  be  twice  that  of  a 
60°  elevation  angle  at  the  same  probability  level  [1].  If 
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this  observation  is  applied  to  the  data  presented  in  Figure 
1,  the  fade-duration  distribution  for  an  elevation  angle  of 
about  25°  can  be  estimated  by  adding  the  constant  In  (2) 
to  m.  The  result  is  shown  by  the  dashed  curve  in  Figure  1. 

The  lognormal  probability  density  of  Equation  1  is  a  good 
model  for  the  duration  of  fades  of  moderate  depth  and 
length.  Experiments  conducted  at  20-GHz  in  southern 
California,  USA,  indicate  that  when  heavy  shadowing 
causes  deep  fades  with  relatively  long  durations,  an 
exponential  model  fits  the  data  better  [2], 

4.  Rain  Attenuation 

Fades  due  to  rain  attenuation  have  been  investigated  in 
several  experimental  campaigns.  Signals  propagating 
through  the  atmosphere  experience  both  attenuation  and 
scintillation  effects.  Since  signal  fluctuations  due  to 
scintillation  contain  higher  frequency  components  than 
the  ones  caused  by  rain  attenuation,  low-pass  filtering  of 
the  observed  signal  can  remove  the  scintillation  effect. 
To  focus  our  discussion  to  fade  events  due  to  rain 
attenuation,  only  data  with  scintillation-induced 
fluctuations  removed  are  considered. 

Reference  [3]  reports  on  a  four-year  experiment  in  Texas, 
where  the  elevation  angle  is  6°  and  the  signal  frequency 
is  11  GHz.  Fade-duration  statistics  for  fade  thresholds 
from  5  to  20  dB  are  shown  to  be  approximately 
lognormally  distributed  with  the  50%  probability  level 
corresponding  to  a  fade  duration  of  about  300  s.  Figure 
2  shows  the  lognormal  fit  to  the  data.  In  this  example, 
50%  of  all  fades  are  shorter  than  300  s,  and  90%  of  all 
fades  are  shorter  than  2500  s.  For  a  threshold  of  20  dB, 
measured  fade  durations  are  shorter  than  the  lognormal 
model  predictions  at  high  duration  values.  The  asterisk  at 
the  2000  s  duration  value  in  Figure  2  shows  the  measured 
data  for  a  threshold  of  20  dB.  This  means  that,  for  a  fade 
threshold  of  20  dB,  fades  longer  than  2000  s  are  rare. 

There  is  evidence  that  the  lognormal  model  also  applies  to 
a  mix  of  data  taken  at  different  sites  and  different 
frequencies.  Figure  3,  based  on  data  from  [4],  shows  an 
approximate  lognormal  fit  to  data  obtained  from  three 
sites,  one  in  the  U.S.  (Virginia)  and  two  in  Europe.  The 
data  include  three  frequencies  of  12,  20,  and  30  GHz,  and 
fade  thresholds  in  the  range  of  4  to  10  dB.  The  Virginia 
site'  had  the  lowest  path  elevation  angle  of  14°,  The  50 
percentile  value  in  this  case  is  200  s  compared  to  300  s  in 
Figure  2.  Another  difference  between  these  two  cases  is 
that  the  percentage  of  very  long  fades,  that  is,  fades 
longer  than  1000  s,  is  less  in  this  case  than  in  Figure  2. 
This  may  be  attributed  to  the  data  in  Figure  2 
corresponding  to  the  very  low  elevation  angle  of  6°. 

Another  subject  of  interest  is  the  absolute  number  of 
fades  at  a  given  threshold.  The  absolute  number  of  fades 
depends  on  the  frequency  of  the  signal.  The  number  of 
fade  events  increases  with  increasing  frequency.  For  the 
Virginia  site.  Reference  [5]  shows  the  number  of  fades  as 
a  function  of  fade  duration  for  frequencies  of  12,  20,  and 
30  GHz  and  an  elevation  angle  of  14°.  For  example,  at  a 
fade  threshold  level  of  5  dB  the  number  of  fade  events 
with  fades  equal  to  or  exceeding  1  minute  is  108  at  12 
GHz,  605  at  20  GHz,  and  935  at  30  GHz.  These  values 
for  a  fade  threshold  of  15  dB  are  6  at  12  GHz,  75  at  20 
GHz,  and  200  at  30  GHz.  Clearly,  the  number  of  fade 
events  decreases  when  the  threshold  level  increases. 


Since  system  engineers  use  the  fade  threshold  information 
to  determine  the  required  fade  margin  in  a  system,  it  is 
useful  to  further  explore  the  relationship  between  the 
fade  duration  statistics  and  the  fade  threshold 
(attenuation  level).  The  next  section  will  address  this 
topic. 

5.  Fade  Duration  and  Attenuation  Level 

The  probability  of  service  availability  is  a  very  important 
parameter  of  link  design  in  a  satellite  communication 
system.  The  availability  of  the  service  is  directly  related 
to  the  link  margin.  Therefore,  it  is  important  to  examine 
the  fade-duration  distribution  as  a  function  of  signal 
attenuation.  Presenting  fade  duration  in  this  fashion  will 
enable  system  designers  to  conveniently  plan  the 
optimum  value  of  the  fade  margin  for  a  system.  Note  that 
too  little  margin  will  result  in  an  unacceptable  grade  of 
service,  whereas  too  much  link  margin  will  give  rise  to 
high  system  costs. 

Reference  [6]  considers  this  issue  by  relating  the 
occurrence  of  fades  of  a  certain  duration  to  attenuation 
level.  Although  the  model  presented  in  [6]  is  a 
preliminary  one,  it  is  noteworthy  in  that  it  addresses  an 
important  system  need.  In  this  approach,  fade  durations 
have  been  binned  into  predetermined  intervals.  For 
example  the  model  for  fade  durations  between  30-60  s  is 
given  by 

FTJj  =8900exp(-1.315A-l-0.118A^ -0.004A^)  (3) 

where  FTj2  denotes  the  cumulative  fade  time  in  seconds 
for  a  frequency  of  12  GHz  and  A  is  the  attenuation  level 
in  dB  (3  <  A  <  16).  Figure  4  shows  a  plot  of  Eq.  (3)  for 
attenuation  levels  from  3  to  16  dB.  For  example,  at  a 
margin  of  9  dB  all  fades  lasting  for  30-60  s  add  up  to  500 
s  of  link  outage  in  one  year  of  observation.  The  data 
used  for  this  model  were  also  obtained  from  the  Virginia 
site  mentioned  earlier  with  a  path  elevation  angle  of  14° 
to  the  satellite. 

Because  the  database  used  to  develop  Eq.  (3)  also 
included  20  and  30  GHz  data,  this  equation  was 
extended  to  a  model  that  predicts  fade  time  for  three 
frequencies  [6].  This  model  is  given  as 

FTf  =  8900(-8.899  -r  0.915/  -  0.008/'^)exp(-l  .315A  +  0. 1 1 8A^ 
-  0.004 A^) 


where  FT.  is  the  cumulative  fade  time  in  seconds  for  the 
30-60  s  fade  duration  interval  at  a  given  frequency,  /  is 
the  frequency  in  GHz,  and  A  is  the  attenuation  in  dB.  The 
dashed  curve  in  Figure  4  shows  the  above  model  for  20 
GHz.  An  extension  of  the  above  model  to  other  fade 
duration  intervals,  e.g.,  60-120  s,  is  also  given  in  [6]. 

Although  Eq.  (4)  offers  a  powerful  tool  for  determining 
fade-duration  distribution  as  a  function  of  attenuation, 
there  is  a  caveat  associated  with  this  tool;  The  model  was 
developed  based  on  measurements  at  a  single  elevation 
angle  and  in  a  single  rain  climate  zone.  Therefore,  its 
extension  to  other  elevation  angles  and  climate  zones  is 
not  clear.  The  model  may  also  be  contaminated  by 
statistical  noise  because  it  is  based  on  only  one  year  of 
observations.  Measurements  at  different  sites  and  for 
longer  time  durations  will  very  likely  contribute  to  the 
improvement  of  the  model’s  accuracy  and  robustness. 


One  full  year  of  data  was  acquired  in  the  1990-92  period  using  the  Olympus  spacecraft. 
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6.  Summary 

Fade-duration  statistics  on  satellite  links  can  be 
approximated  by  the  lognormal  distribution.  This 
distribution  can  be  uniquely  described  by  the  mean  and 
the  standard  deviation  of  the  natural  logarithm  of  the 
samples.  This  model  applies  to  fades  due  to  rain 
attenuation  (fixed  satellite)  as  well  as  fades  due  to  tree 
shadowing  (mobile  satellite). 

For  shadowing-induced  fades,  fade-duration  statistics 
seem  to  be  insensitive  to  the  amount  of  shadowing,  i.e., 
light  to  heavy  shadowing.  However,  a  moderate 
dependence  on  elevation  angle  has  been  observed  in 
field  measurements.  This  dependence  gives  rise  to  longer 
fade  durations  with  decreased  elevation  angle. 

For  rain-attenuation-induced  fades,  it  appears  that  for 
temperate  site  locations,  elevation  angles  above  14°,  and 
frequencies  between  12-30  GHz,  the  fade-duration 
statistics  are  not  strongly  dependent  on  site  location, 
elevation  angle,  or  frequency. 

A  siinple  model  to  relate  fade  time  for  a  given  fade 
duration  to  attenuation  level  is  also  discussed.  This 
approach  is  useful  for  examining  the  impact  of  fades  on 
the  receiver,  allowing  for  an  estimation  of  total  receiver 
downtime.  Note  that  total  downtime  is  the  sum  of  the 
fade  duration  and  system  reacquisition  time. 

The  models  presented  in  this  paper  are  based  on  a  limited 
amount  of  experimental  data.  Further  study  is  required  to 
substantiate  their  application  to  specific  slant  path 
configurations. 
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Figure  1.  Fade  Duration  Distribution  for  Mobile 

Satellite  Links  (elevation  angles  51°  and  25°) 
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Figure  2.  Texas  11-GHz  Data 
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Figure  3.  OPEX  12-,  20-,  and  30-GHz  Data 
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Figure  4.  Annual  Fade  Time  for  30-60  s  Fade  Durations 
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DISCUSSION 

Discusser’s  name:  W.  Keydel 


Comment/Question: 

For  spaceborne  radar  interferometry  (two-pass)  phase  fluctuations  become  increasingly 
important.  Did  you  ever  look  for  phase  distortions  in  frequency  ranges  relevant  for  spaceborne 
SAR(1  GHz  - 10  GHz) 

Comment:  In  SIR-C/X  -  SAR  two  pass  interferometry  together  with  your  colleagues  from  JPL  we 
have  observed  phase  distortions  probably  caused  by  rain  cells  which  simulated  earth  plate  shifts 
up  to  dm.  Additionally,  modern  modulation  techniques  like  PCM  also  require  phase  stability. 


Author/Presenter’s  reply: 

Because  our  application  was  telecommunications,  we  did  not  investigate  phase  fluctuations. 


Discusser’s  name:  L.  Castanet 

Comment/Question: 

I’ve  seen  in  one  of  your  previous  communications  that  the  ACTS  campaign  was  open  to  the 
international  community,  as  the  OPEX.  Could  you  give  us  some  information  on  the  data  base. 
First  of  all,  is  it  available  to  the  scientific  community?  Finally,  what  kind  of  data  is  stored?  I  mean 
with  or  without  processing? 


Author/Presenter’s  reply: 

The  results  are  available  for  the  scientific  community,  and  new  members  are  welcome  to 
participate.  Some  results  are  beginning  to  be  introduced  into  the  data  base.  Both  processed  and 
unprocessed  data  will  be  available. 
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DISCUSSION 


Discusser’s  name:  L.  Hoff 


Comment/Question: 

What  is  the  sensitivity  of  the  fade  duration  model  to  the  signal  level  that  causes  the  receiver  to 
lose  lock. 


Author/Presenter’s  reply: 

The  model  does  not  include  the  effects  of  the  communication  receiver  losing  lock  or  reacquiring 
lock.  The  measurement  receiver  used  to  measure  fading  lost  lock  only  during  very  deep  fades. 
Communication  receiver  fade  durations  will  be  longer  than  the  fades  shown  because  of  losing 
lock  during  long  and  deep  fades. 


Discussor’s  name:  N.  Farsaris 

Comment/Question: 

What  are  the  current  requirements  for  link  margins?  (for  a  20  GHz  fixed  link). 


Author/Presenter’s  reply: 

It  depends  on  the  application  and  system  requirements.  In  my  opinion,  for  a  20  GHz  link  15dB  of 
margin  is  likely  to  be  adequate  for  most  regions.  This  margin  can  be  provided  on  an  as  needed 
basis  to  save  cost. 
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Abstract 

The  reliability  of  the  new  photonic  network 
components  is  becoming  one  of  the  challenges  of  the 
present  years.  The  Erbium  Doped  Fibre  (EDF)  can  be 
considered  as  one  of  these  devices  contributing  to  the 
optical  communication  systems  upgrading.  These  are 
the  reasons  why  easy-to-reach  EDF  optogeometrical 
properties  seem  to  be  more  and  more  important. 
Within  this  context,  an  experimental  set-up  has  been 
developed  permitting  the  measurements  of  these 
properties  (mode  field  diameter,  core  diameter, 
refractive  index  profile.  Numerical  Aperture...). 

Our  set-up  is  based  on  the  Transmitted  Near  Field 
Technique  (TNFT),  combined  with  an  infra  red 
camera  detecting  the  near  field  intensity  magnified  by 
an  infra  red  aspherical  lens.  Such  a  method  has  been 
successfully  demonstrated  in  the  past  for  the 
optogeometrical  characterization  of  single  mode  fibres. 
The  combination  of  the  TNFT  with  the  infra  red 
camera  opens  the  possibility  of  yielding  very  quick 
measurements. 

The  importance  of  the  camera  lies  in  the  two 
dimensional  intensity  detection;  such  a  device  records 
and  instantaneously  displays  the  intensity  distribution. 
The  NFI  pattern  is  thus  easy  to  get.  The  mode  field 
diameter  has  been  determined  from  the  Near  Field 
Intensity  (NFI)  pattern  and  we  then  calculated  the 
refractive  index  profile  difference.  Finally,  we 
determined  the  fibre  core  radius  and  numerical 
aperture.  We  then  compared  them  with  the 
Equivalent  Step  Index  parameters  we  have  calculated. 
We  carried  out  all  these  measurements  at  1310  nm  and 
1550  nm.  So  we  have  direct  informations  on  the 
optogeometrical  parameters  in  the  second  and  third 
windows. 

1.  Introduction 


[1],[6],[7]  on  MFD.  We  then  derived  the  core  diameter 
and  the  maximum  Numerical  Aperture  (  NAmax  )  as 
defined  in  the  G.651  recommendation.  We  calculated  the 
ESI  parameters  [8], [9]  and  we  compared  them  with  our 
measurement  results  at  1310  nm  and  1550  nm. 

2.  Theory 

2.  1.  The  TNFT  description 

The  TNFT  is  based  on  the  Near  Field  Intensity  pattern 
detection  by  the  experimental  set-up  shown  in  figure  1 
and  described  in  the  G651  and  G652  recommendations. 
In  fact,  we  detect  the  magnified  fibre  output  intensity 
pattern  with  an  infra  red  camera.  Point  3  gives  a  more 
detailed  description  of  the  experimental  set-up. 


.  Cam  era  I 
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_  L. 
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Figurel;  experimental  set-up. 

2.  2.  Refractive  Index  profile 

It  is  possible  to  calculate  directly  the  refractive  index 
profile  from  the  bidimensionsional  intensity  pattern  [4]. 
Only  one  assumption  was  made:  optical  fibres  are  weakly 
guiding  waveguides.  It  has  been  demonstrated  that  a 
stricter  assumption  could  simplify  the  calculation  [l]-[3], 
[5]:  When  optical  fibres  are  axially  symetrical,  the  useful 
formula  could  be  derived  from  the  scalar  propagation 
equation.  This  formula  is 


Since  the  beginning  of  the  eighties  the  Transmitted  Near 
Field  Technique  (TNFT)  has  been  succesfully  used  to 
characterize  optical  fibres.  Authors  have  demonstrated 
that  it  is  possible  to  derive  optogeometrical  parameters 
from  the  near  field  intensity  patterns.  Some  carried  out 
the  measurements  to  get  the  refractive  index  profile  [1]- 
[5], while  others  were  more  interested  in  determining  the 
Mode  Field  Diameter  (MFD)  [1],  [6],  [7],  the  geometrical 
datas  or  the  Equivalent  Step  Index  (ESI)  parameters  [1], 
[8].  [9]. 

In  our  work,  we  studied  and  we  applied  some  of  tliese 
results  to  the  characterization  of  commercial  Erbium 
Doped  Fibres  (EDF).  Basically,  we  built  our 
experimentation  following  the  fFU  recommendations 
G.651  and  G.652  on  TNFT  and  we  treated  the  datas  in 
agreement  with  theories  from  [l]-[5]  on  index  profile  and 
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It  gives  the  index  profile  as  a  function  of  the  radial  NFI 
I(r).  k  is  the  wavenumber  in  the  vacuum,  p  is  the  mode 
propagation  constant,  m  is  the  azimutal  mode  number  and 
r  is  the  radial  coordinate.  In  our  case,  we  are  only 
interested  in  the  index  profile  difference 
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Paper  presented  at  the  AGARD  SPP  Symposium  on  “Digital  Communications  Systems:  Propagation  Effects, 
Technical  Solutions,  Systems  Design”,  held  in  Athens,  Greece,  18-21  September  1995  and  published  in  CP-574. 
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assuming  the  single  mode  operation  during  the 
measurement.  From  (2)  we  are  able  to  derive  the  fibre 
core  radius  and  numerical  aperture. 

Tlie  interest  of  (1)  and  (2)  lies  in  the  fact  that  they 
establish  a  direct  relationship  between  the  experimental 
data  I(r)  and  the  investigated  quantity 

2.  3.  Mode  Field  Diameter 

Petermami  has  derived  fonnulas  to  calculate  the  MFD. 
from  the  NFI  pattern  [1],  [6].  We  are  interested  in  the 
definition  related  to  lateral  displacement  losses  in  fiber 
interfaces  as  well  as  to  dispersion  optical  waveguides. Xliis 
definition  is  also  referred  in  Recommendation  Ci.652  for 
MFD  calculation  from  NFI  pattern.  Hereafter,  we  give  the 
expression  of  the  definition  for  an  axially  symmetrical 
fibre,  called  the  Petermami  2  MFD  definition 
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MFD  =  =  2- 
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dr 
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Wp2  is  the  mode  field  radius  and  is  also  taiown  as  the  spot 
size.  I(r)  and  r  are  respectively  the  radial  NFI  and  the 
radial  coordinate  at  tlie  output  of  the  fibre  under  test. 
Authors  have  also  shown  that  is  possible  to  calculate  the 
MFD  of  axially  non-syimnetrical  optical  fibre  based  on  a 
similar  definition  [7]. 

2.  4.  Optogeometrical  Characteristics 

In  agreement  with  the  definitions  from  the  G.651  and 
G.652  recommendations,  we  detennined  the  core  radius  a 
and  the  maximum  NA,„ax  after  having  fixed  a  cladding 
reference  level  on  the  index  profile,  hi  our  case,  we 
considered  the  fixed  cladding  level  as  the  mean  value  over 
the  whole  cladding.  We  obtained  the  square  NAmax  by 
substracting  the  maximum  value  in  the  core  with  that 
reference  level. 

(4) 


We  suppose  that  the  core  radius  a  is  given  by  the 
intersection  between  the  core  profile  and  the  cladding 
reference  level. 

We  also  calculated  the  square  centre  Numerical  Aperture 
defined  as  follows 


(5) 

We  should  find  the  real  NA  between  NA„ax  and  NAcemre- 
2.  5.  ESI  parameters 

hi  tills  paper,  we  only  considered  the  effective  core  radius 
Oeff  and  the  effective  Numerical  Aperture  NAeff .  Tliese 
parameters  can  be  calculated  from  the  MFD  value 
evaluated  with  the  Petennaiui  2  definition  [1],[8],[9].  hi 
this  way,  we  first  had  to  calculate  the  ESI  noniialized 
frequency 


V  ^=2.405-^  (6) 
elf  X  ^  ' 


we  use  the  following  fonnula  [1],[8],[9]  for  the  calculation 
of  a,ff 


A+Bvf/+cv;^ 

Table  1  gives  the  value  of  the  coefficients  Afi  and  C 
following  the  definitions  of  [8]  and  [9]. 


References 

A 

B 

C 

181,11] 

0.65 

1.619 

2.879 

_i2J _ 

0.625 

1.707 

4.112 

Tahlcl:  coefficients  of  (7) 
We  are  then  able  to  get  the  NAcf  from 


NA,„  =  2.405 — ^ 


(8) 


3.  Experimental  Set-Up  and 
Measurements 

We  used  two  laser  sources  emitting  respectively  at  1550 
mil  (Av<100kHz)  and  1310  mn  (AX<2.5mn). 

An  infra  red  asplierical  lens  ensured  the  magnification 
(M=182). 

The  camera  was  a  vidicon.  Tlie  scaimed  area  was  about  of 
9.5x12.7  imn^.  Each  camera  pixel  had  a  horizontal  length 
of  25  pm  and  a  vertical  length  of  19.45  pm. 

We  tested  two  coimnercial  EDF.  Tlie  fibre  1  length  was 
about  2  metre  and  the  co-dopants  are  Ge  and  Al.  Fibre  2 
is  a  40  metre  long  fibre  co-doped  with  Al  and  P.  Tlieir 
cut-off  wavelengths  were  calculated  by  the  reference  test 
method  (G.652  reconunendation).  Tlie  fibres  were 
measured  without  any  particular  preparation.  During  the 
measurenient,  the  fibres  under  test  remained  on  the 
bobbin. 

We  did  not  use  any  cladding  mode  stripper. 

We  had  to  attenuate  the  mea.suring  signal  to  avoid  any 
high  power  level  on  the  camera  surface  because  such  a 
power  level  saturates  the  detector  and  can  damage  tlie 
camera. 

After  having  detected  the  two  dimensional  NFI  pattern,  a 
computer  samples  one  axis  including  the  maximum 
intensity  value.  Tlien,  we  assumed  that  the  fibre  is  axially 
synietrical.  From  that  radial  NFI  pattern,  we  computed 
(2)  and  (3).  All  these  calculations  were  performed 
numerically  without  using  any  fit  function  near  the  core 
region.  Far  from  the  core,  we  fittedpower  function  on  the 
radial  NFI  to  minimize  any  noise  effect.  We  also 
smoothed  I5)f(r)  using  FFT  and  filtering  algoritluns. 

4.  Results  and  Comments 

Figure  2,  3  and  4  show  the  radial  NFI  pattern  of  fibre  2 
while  Figures  5,  6  and  7  present  the  hif(r)  of  the  two 
fibres  we  measured.  Table  2  contains  the  calculated 
optogeometrical  characteristics  and  ESI  parameters. 


where  Xce  is  the  measured  cut-off  wavelength  and  X  is  the 
test  wavelength.  After  having  obtained  a  value  for  V^ff . 
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Fibre  1 
1310  nm 

Fibre  1 
1550  nm 

Fibre  2 
1310nm 

W„2 

3.3 

3.5 

3.0 

a(m) 

1.7 

1.7 

1.8 

0.18 

0.22 

0.18 

center 

0.12 

0.19 

0.16 

A=0.625 

B=  1.707 

C=4.112 

aem  (VJtt) 

2.0 

1.5 

2.0 

NAem 

0.17 

0.22 

0.18 

A=0.65 

B=1.619 

C=2.879 

2.1 

1.7 

2.1 

0.16 

0.20 

0.18 

Table  2:  optogeometrical  and  ESI  parameters. 

We  observe  tliat  the  measurement  wavelength  does  not 
seem  to  influence  tlie  global  shape  and  the  core  radius 
value.  On  the  other  hand,  it  clearly  appears  that  the 
optical  properties  are  wavelengtli  dependent. 

If  we  compare  tliese  results  with  the  ESI  parameters,  we 
see  that  NAm<u  and  NAcffi  are  identical  while  each  aeffi,2 
presents  differences  witli  the  measured  core.  Moreover 
tlie  effective  core  value  vary  with  the  wavelength.  One  of 
tlie  reasons  could  be  the  origins  of  definition  (7)  and  its 
valadity  degree  in  our  study  case.  We  are  currently 
studying  the  causes  of  these  differences  and  are  trying  to 
understand  the  effect  of  the  assumptions  associated  to 
tliese  definitions. 


Figure  3:  Fibre  1  NFI  profile,  measured  at  1310  nm. 


Figure  4:  Fibre  1  NFI  profile,  measured  at  1 550  nm. 


Figure  2:  Fibre  2  NFI  profile,  measured  at  1310  mn. 
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Figure  5:  Fibre  2  refractive  index  profile,  measured  at 
1310  nm. 


Figure  6:  Fibre  1  refractive  index  profile,  measured  at 
1310  nm. 


Figure  7:  Fibre  1  refractive  index  profile,  measured  at 
1550  nm. 


5.  Conclusions 

In  this  work,  we  developped  an  experimental  set-up  based 
on  the  Transmitted  Near  Field  Teclmique.  The  scanning 
device  was  a  CCD  camera  that  detected  the  Near  Field 
Litensity  magnified  with  an  infra  red  aspherical  lens. 
From  the  NFI,  we  derived  the  refractive  index  profile 
difference,  the  MFD,  the  core  radius,  the  NA  and  the  ESI 
parameters  of  two  commercial  EDF.  All  tliese 
measurements  were  carried  out  at  1550  run  and  1310  nm. 
Tlie  difference  we  obtained  between  the  three  core 
definitions  does  not  exceed  0.4  |im.  For  the  tliree  NA 
definitions,  the  difference  is  less  than  0.05. 

Our  set-up  gives  a  good  idea  of  the  fibre  optogeometrical 
parameters  with  not  need  of  a  particular  preparation  of  the 
tested  fibres.  Tlie  measurement  can  be  done  directly  on 
the  bobbin. 
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DISCUSSION 

Discussor’s  name:  A.  Altintas 


Comment/Question : 

Did  you  test  erbium-doped  fibres  with  different  doping  levels,  and  in  this  case,  did  you  observe 
different  optogeometrical  properties? 

Author/Presenter’s  reply: 

We  tested  two  different  commercial  fibres.  No  fundamental  behaviour  was  noticed  connected  to 
the  doping  level.  Furthermore,  the  general  conclusion  of  the  paper  (the  necessity  to  optimize  the 
A,  B,  C  parameters  for  the  effective  parameters  calculation  (Mode  Field  Diameter,  Numerical 
Aperture)  was  still  valid. 
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1.  SUMMARY 

The  increased  sophistication  of  the  modulation  schemes 
employed  by  high  frequency  (HP)  data  modems  has 
necessitated  a  better  understanding  of  the  effects  of  the 
ionosphere  on  propagated  signals.  This  paper  describes  an  HF 
pulse  compression  radio  sounder,  that  is  being  used  to 
characterise  high  latitude  HF  paths.  Results  from  operations  of 
the  sounder  in  Scandanavia  are  also  presented. 

2.  INTRODUCTION 

The  performance  of  beyond  line-of-sight  (BLOS)  HF 
communication  systems  is  dependent  on  the  match  of  system 
parameters  to  the  propagation  environment.  Antenna  gain  and 
transmitter  power  are  very  important  in  this  respect,  though 
preliminary  results  indicate  that  the  match  between  the 
signalling  waveform  and  the  time  and  frequency  spread 
characteristics  of  the  propagation  path  deserves  equal  or 
greater  attention. 

BLOS  propagation  of  HF  signals  occurs  via  the  ionosphere 
which  introduces  time  dispersion  of  single  propagation  mode 
signals.  It  can  also  break  the  signal  into  multi-mode  and 
multi-hop  components  all  of  which  can  arrive  with  different 
time  delays.  Furthermore,  time  dependant  changes  of  the 
ionosphere  can  introduce  both  Doppler  shifts  and  spreads  to 
the  transmitted  signal.  Doppler  spread,  which  forms  the  basis 
of  this  paper  may  be  due  to  both  bulk  motion  of  the 
ionosphere  [e.g.  Cannon  et  ai,  1991,  1992]'’  and/or  to  the 
turbulent  internal  motion  of  plasma  irregularities  which  are 
common  in  the  auroral  and  polar  cap  ionospheres  [e.g. 
Tsunoda,  1988;  Fejer  and  Kelley,  1980]’''.  The  difficulties 
imposed  by  Doppler  shifts  and  spreads  can  cause  the  break 
down  of  communications  systems.  Those  which  are  designed 
to  operate  in  multipath  propagation  conditions  are  especially 
vunerable.  In  conventional  systems,  multipath  is  overcome  by 
operating  at  low  data  rates  using  simple  modulation  schemes 
(e.g.  75  baud  frequency  shift  key  (FSK)  modulation). 
However,  the  low  data  rates  and  the  consequentially  low 
bandwidths,  make  the  system  more  susceptible  to  frequency 
errors.  These  systems  are  no  longer  acceptable  since  they 
provide  a  less  than  optimum  data  rate  when  the  environmental 
conditions  are  benign  and  yet  the  transmissions  may  still 
break  down  when  the  environmental  conditions  are  stressed. 

'Whilst  all  of  these  effects  occur  at  mid-latitudes  they  are  more 
prevalent  and  dynamic  in  the  high  latitude  and  equatorial 
regions.  If  HF  modems  are  to  be  designed  to  exhibit  a  robust 


performance  under  such  punitive  conditions,  it  is  necessary  to 
experimentally  measure  and  quantify  the  HF  channels  in 
question.  Many  such  measurements  have  been  carried  out,  but 
these  have  generally  used  continuous  wave  (CW)  and  low 
data  rate  FSK  waveforms  [e.g.  Shepherd  and  Lomax,  1967; 
Warrington  et  ai,  1994]’'*.  These  experiments  have  yielded 
much  valuable  information,  yet  they  are  somewhat 
inappropriate  to  modern  sophisticated  (high  data  rate) 
modems.  There  have  been,  however,  two  studies  of  note 
which  sought  to  characterise  HF  channels  in  more  detail 
through  the  measurement  of  the  channel  scattering  function 
[Busier  et  ai,  1988  and  Wagner  et  ai,  1988]’'"  The  scattering 
function  describes  the  way  that  the  signal  energy  is 
redistributed  in  both  delay  and  frequency  as  a  result  of  the 
transmission  channel  and  as  such  it  meets  the  requirements  of 
the  modem  designer.  The  scattering  function  can  be 
approximately  determined  by  a  suitable  channel  sounder 
which  repeatedly,  at  an  interval  ti  measures  the  complex 
valued  impulse  response  as  a  function  of  path  delay, The 
samples  at  each  delay  value  tj  are  processed  with  discrete 
power  spectrum  estimation  techniques  to  derive  the  Doppler 
spectrum. 

This  paper  briefly  describes  a  channel  sounder  known  as 
DAMSON  (Doppler  And  Multipath  SOunding  Network) 
which  has  been  developed  to  characterise  the  disturbed 
narrow  band  channel  (3  kHz)  by  measuring  its  scattering 
function.  The  real  time  nature  of  the  DAMSON  processing 
makes  it  unique  in  the  frequency  range,  but  in  its  approach  to 
measuring  the  channel  its  operation  is  similar  to  that  of 
Wagner  et  a/., [1988]".  The  DAMSON  system  is  described  in 
more  detail  in  Davies  and  Cannon,  [1993]’ 

3.  DESCRIPTION  OF  DAMSON 

DAMSON  operates  from  remote  sites  on  pre-selected 
frequencies.  The  system  is  based  on  commercially  available 
equipment  (such  as  HF  communication  receivers  and 
transmitters,  PC  computers  etc.)  and  makes  extensive  use  of 
digital  signal  processing  (DSP)  techniques.  The  Global 
Positioning  Satellite  (GPS)  system  provides  the  system  timing 
ensuring  that  transmit  and  receive  stations  are  accurately 
synchronised  and  also  allowing  absolute  time  of  flight  (TOF) 
measurements  to  be  made. 

DAMSON  characterises  the  propagation  path  using  a  number 
of  sounding  waveforms  which  can  be  flexibly  scheduled  -  of 
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these  the  delay-Doppler  (DD)  waveform  has  been  specifically 
designed  to  accurately  measure  the  channel  scattering  function 
as  described  earlier.  For  the  measurements  reported  in  this 
paper  a  Barker- 13  code  is  used,  modulated  at  2400  baud  onto 
a  bi-phase  PSK  carrier.  Each  code  lasts  5  ms  with  a  pulse 
repetition  interval  of  12.5  ms.  The  codes  are  sent  128  times 
giving  an  integration  time  of  1.6  s  and  a  frequency  resolution 
of  0.62  Hz.  The  Doppler  frequency  range  of  the  measurements 
is  ±  40  Hz  of  the  central  frequency.  The  processing  gain  for 
the  DD  measurements  can  reach  32  dB  for  non-spread  signals. 

The  other  operating  modes  include  a  noise  measurement 
period  lasting  2.8  s  and  4.3  s  of  CW  transmissions.  Although 
the  CW  measurement  mode  is  a  very  sensitive  detector  of 
signals,  due  to  the  tong  integration  time  and  low  receive 
bandwidth,  it  is  unable  to  unambiguously  distinguish  between 
different  propagation  modes  either  in  the  time  or  frequency 
domain.  A  time  of  flight  (TOF)  mode  also  exists  which  is 
similar  to  the  DD  mode  but  which  is  able  to  unambiguously 
measure  the  signal  TOF  and  large  multipath  delays  due  to  its 
low  pulse  repetition  frequency  (prf).  Like  the  DD  mode,  the 
TOF  mode  also  uses  pulse  compression  waveforms  but  with  a 
shorter  integration  time.  Due  to  its  low  prf  the  TOF  mode  is 
unable  to  provide  an  accurate  measure  of  the  Doppler  shift 
and  spread. 

4.  DAMSON  DELAY-DOPPLER  DATA  ANALYSIS 

DAMSON  transmissions  occur  on  a  number  of  frequencies 
which  may,  or  may  not,  be  matched  to  the  expected  or 
prevailing  ionospheric  conditions.  On  many  occasions 
transmissions  may  be  below  the  lowest  usable  frequency 
(LUF)  or  above  the  maximum  usable  frequency  (MUF), 
resulting  in  no  ionospheric  support  for  signal  propagation.  On 
other  occasions  the  reception  of  DAMSON  signals  may  be 
severely  hampered  by  co-channel  and  adjacent  channel 
interference.  Nevertheless  DAMSON  data  files  are  always 
stored  at  the  scheduled  frequencies  and  it  is  necessary  to 
subsequently  extract  those  files  where  signals  can  be  analysed 
and  discard  the  rest.  This  is  achieved  by  the  DAMSON 
analysis  software  {Angling,  1995]‘“.  On  replay  the  data  is  re¬ 
displayed  and  where  possible  a  box  is  drawn  around  the  data 
enclosing  those  elements  of  the  spectrogram  which  lie  above  a 
noise  dependant  (via  a  sliding  scale)  threshold.  Further 
analysis  can  then  take  place  on  the  boxed  data.  If  the  box 
cannot  be  drawn  the  data  is  either  categorised  as  too  difficult 
to  analyse  at  present  (but  there  is  hope  in  the  future)  or  it  is 
discarded.  The  Doppler  spreads  quoted  in  this  paper  are  those 
corresponding  to  the  central  region  within  the  box  which 
contains  95%  of  the  total  boxed  power. 

5.  PROPAGATION  PATHS 

This  paper  considers  the  Doppler  spreads  observed  from  the 
19th  to  the  25th  of  April  1995  on  a  single  path  from  Isfjord 
Radio  on  Svalbard  (78.063  N,  13.627  E)  to  Tuentangen,  near 
Oslo,  Norway  (59.937  N,  11.086  E),  during  which  time  the 
DAMSON  system  was  operated  almost  continually. 


The  antenna  used  at  Isfjord  is  a  rhombic  pointing  due  south 
fed  by  250  watts.  With  a  perfect  ground  the  antenna  is 
predicted  to  illuminate  preferentially  the  higher  elevation 
angles;  at  5  and  10  MHz  the  peak  gain  lies  at  angles  of  35° 
and  18°  respectively.  The  antenna  is  consequently  better 
matched  to  F  region  paths  than  it  is  to  E  region  paths.  At  the 


receiver  an  80  m  sloping  Vee  antenna  is  used  pointing  due 
north. 
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Figure  1 :  Map  showing  DAMSON  deployment  and  the 
position  of  the  auroral  zone  for  2  =  1 . 
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Figure  2:  Map  showing  DAMSON  deployment  and  the 
position  of  the  auroral  zone  for  g  =  4. 

The  geometry  of  the  2017  km  path  is  shown  in  Figures  1  and 
2,  together  with  the  night  (~02  LT)  and  daytime  (~12  LT) 
extreme  positions  of  the  auroral  oval  for  g  =  1  and  g  =  4 
according  to  the  model  due  to  Whalen,  [1970]“.  These  values 
are  representative  of  the  mean  g  values  observed  during  the 
first  and  second  halves  of  the  data  collection  period.  Also 
shown  in  the  diagram  are  the  geographic  apogee  positions  of 
the  one,  two  and  three  hop  signals;  the  midpoint  is  situated  at 
69.00  N,  11.83  E. 

6.  RESULTS 

Figure  3  shows  a  typical  DAMSON  output  for  a  measurement 
at  0000  UT  on  the  20th  April  1995  at  a  frequency  of  9.04 
MHz;  at  this  time  there  was  significant  spectral  spread.  The 
top  panel  shows  the  low  resolution  TOF  multipath  profile 
with  a  range  of  40  ms.  The  second  panel  shows  a  higher 
resolution  version  of  this  using  the  DD  waveform. 

The  third  panel  shows  a  grey  shaded  representation  of  the 
multipath  scattergram.  The  single  mode  spectral  spread  is  very 
evident,  as  is  a  co-channel  interferer  running  horizontally 
across  the  scattergram  at  -30  Hz.  The  aforementioned  box  has 
been  drawn  around  the  scattering  function.  The  estimated  two 
sided  Doppler  spread  of  50  Hz  and  multipath  spread  are 
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Figure  3:  Example  display  from  DAMSON  analysis  program. 
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shown  in  a  small  panel  on  the  right.  The  signal  power  at  high 
spectral  spreads  is  seen  to  be  -12  to  16  dB  below  the  peak  of 
the  mode.  Wagner  et  ai,  [1995]'’  suggest  that  such  signals  are 
due  to  a  scattering  rather  than  a  reflection  process. 

The  small  Doppler  shift  associated  with  the  majority  of  the 
power  in  the  scattergram  is  in  line  with  that  expected  for  an 
oblique  path  as  opposed  to  backscatter  or  back-reflection.  In 
the  latter  cases  the  radar  measures  twice  the  radial  ionospherie 
velocity  component  [e.g.  Cannon  et  al,  1991,  1992]''‘. 
However,  for  forward  great  circle  path  reflection  or  scattering 
in  a  homogeneous  ionosphere,  with  no  vertical  motion,  the 
positive  Doppler  shift  for  the  up-going  wave  is  cancelled  by 
an  equal  negative  Doppler  shift  for  the  down  going  wave.  Any 
residual  Doppler  shift  is  a  result  of  asymmetry  on  the 
propagation  path,  off  great  circle  propagation,  or  vertical 
motions. 

In  this  scattergram  the  higher  frequency  Doppler  components 
arrive  up  to  a  millisecond  behind  the  zero  Doppler  shifted 
component.  This  may  due  to  reflection  or  scattering  from 
locations  off  the  great  circle  path  combined  with  the  effects  of 
an  ionospheric  flow  component  which  is  perpendicular  to  the 
path. 

The  small  panel  directly  to  the  right  of  the  scattergram 
displays  the  time  (incoherently)  integrated  Doppler  frequency 
spectra.  Some  asymmetry  may  be  seen  about  the  zero  shifted 
component,  though  other  more  pronounced  examples  have 
been  observed.  There  are  a  number  of  possible  explanations 
for  such  asymmetries,  which  include  preferential  scattering 
from  discrete  areas  each  with  a  different  line-of-sight  (up  and 
down  leg)  velocity.  An  inhomogeneous,  time  dependent 
ionosphere  introduces  other  possibilities.  Others  are  based  on 
an  asymmetric  path  with  an  ionospheric  velocity  component 
parallel  to  the  direction  of  propagation. 

In  order  to  better  understand  the  impact  of  Doppler  spread  all 
of  the  data  (ie.  all  the  modes  for  each  analysable  scattergram) 
have  been  amalgamated  from  the  period  in  question  and  the 
95%  power  percentiles  are  displayed  as  a  time  sequence  in 
Figure  4.  Diurnal  variations  in  Doppler  spread  can  be  seen, 
with  the  maximum  spread  values  occuring  during  the  night  - 
the  period  when  the  ionosphere  is  most  disturbed. 

The  data  can  also  be  displayed  in  histogram  form  (Figure  5). 
This  example  illustrates  the  Doppler  spread  for  841  points, 
this  being  the  number  of  analysable  points,  at  a  frequency  of 
9.04  MHz.  Spreads  of  up  to  -20  Hz  are  shown,  though  in 
general,  the  spreads  are  much  less  than  this.  They  are, 
however,  still  significant  for  all  but  the  most  robust  of  modem 
designs. 

In  order  to  display  the  Doppler  spread  data  in  a  more  concise 
fashion  the  data  are  plotted  as  a  function  of  the  different 
sounding  frequencies  as  shown  in  Figure  6.  The  symbols 
connected  by  straight  lines  repesent  the  median  values  of  the 
spread  distributions,  while  the  horizontal  bars  represent  the 
distribution’s  quartile  values.  The  small  dots  are  data  points, 
which  are  regularly  spaced  due  to  their  quantisation  by  the 
resolution  of  the  instrument.  It  is  now  evident  that  the  median 
spectral  spreads  are  higher  towards  the  extremes  of  the 
frequency  range  than  at  frequencies  towards  the  centre  of  the 
range.  It  should  be  noted  that  the  Doppler  equation  predicts 


that  in  the  abscence  of  other  effects,  Doppler  shift,  and  hence 
spread,  should  be  directly  proportional  to  frequency  (see  for 
example  Cannon  et  ai,  [1991]'  ).  While  this  seems  to  be  true 
at  the  top  of  the  frequency  range  (15  -  20  MHz),  the  Doppler 
spreading  at  the  lower  frequencies  must  be  dominated  by  a 
different  effect. 


0  5  10  15  20 

Doppler  spread  [Hr] 

Figure  5:  Example  of  histogram  produced  by  DAMSON 
analysis  program 


Svalbord-Tuentongen,  0000-2400Hrs 


Figure  6:  Doppler  spread  variation  with  frequency  for  24  hour 
period 

It  was  noted  that  during  the  period  of  the  experiment  two 
levels  of  geomagnetic  activity  were  observed.  From  the  19th 
of  April  until  midday  of  the  22nd,  the  15  minute  activity 
index  Q  exhibited  a  mean  value  of  -1,  while  between  midday 
of  the  22nd  and  the  end  of  the  experiment  (2400  UT  on  the 
26th  of  April)  Q  increased  to  a  mean  value  of  -4  (Figure  7). 
One  effect  of  this  change  in  Q  can  be  seen  in  Figure  4  -  during 
the  low  Q  period,  many  data  points  can  be  seen  in  the  3.95 
MHz  panel,  but  few  can  be  seen  in  the  21,88  MHz  panel.  The 
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opposite  behaviour  is  true  during  the  high  Q  period.  This  is 
due  to  changes  in  the  LUF  and  MUF,  which  is  induced  by  the 
change  in  Q  -  when  Q  is  high  the  additional  precipitation 
causes  absorption  of  low  frequency  signals,  but  the  MUF  is 
also  increased  by  the  associated  extra  ionisation.  This  is  in 
broad  agreement  with  the  LUF/MUF  changes  predicted  by  the 
communications  prediction  program  ICEPAC  for  the  Svalbard 
-  Tuentangen  path  during  this  period. 

In  order  to  investigate  the  impact  of  geomagnetic  activity  on 
Doppler  spread,  the  low  and  high  Q  data  periods  were 
separately  replotted  against  the  sounding  frequency. 
Furthermore,  the  day  was  sub-divided  into  6  hour  periods 
(Figures  8  to  1 1).  These  graphs  reveal  that  during  high  Q  the 
data  exhibits  consistently  larger  Doppler  spreads  than  the  low 
Q  data.  This  is  as  expected,  due  to  the  increased  ionospheric 
flows  and  turbulence  when  Q  is  high.  Significant  Doppler 
spreading  can  be  seen  in  the  pre  and  post-midnight  sectors  in 
the  lower  part  of  the  frequency  range  -  particularly  for  the 
high  Q  data,  where  median  Doppler  spreads  of  >10  Hz  are 
seen.  Trends  similar  to  those  seen  in  Figure  6  are  also 
apparent. 

Kiruna  Q  values  for  19/4/95  —  26/4/95 
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Figure  7:  Q  values  for  analysis  period. 

The  trend  of  Doppler  spread  decreasing  from  5  to  15  MHz  is 
believed  to  be  associated  with  a  change  from  multi-hop  to 
single  hop  propagation.  During  the  high  Q  period  (after 
midday  of  the  22nd  April)  multi-hop  paths  are  thought  to  have 
control  points  located  further  into  the  active  auroral 
ionosphere  (Figure  2)  than  single  hop  paths.  Therefore,  the 
multi-hop  signals  exhibit  higher  Doppler  spreads  because  of 
the  more  turbulent  conditions  encountered  at  the  higher 
latitudes.  This  effect  is  most  prevalent  at  night,  when  the 
auroral  region  has  moved  to  its  southernmost  positon.  During 
low  Q  conditions  (before  midday  of  the  22nd  April),  the 
control  points  for  both  single  and  multi-hop  paths  are 
southwards  of  the  auroral  zone  in  the  daytime  (Figurel), 
producing  less  Doppler  spreading.  At  night,  however,  when 
multi-hop  paths  have  their  control  points  in,  or  to  the  north  of, 
the  auroral  zone,  Doppler  spreading  is  apparent  on  the  lower 
frequencies. 


Above  15  MHz,  Doppler  spreading  is  seen  to  increase.  This  is 
in  accordance  with  the  Doppler  equation,  suggesting  that  the 
previously  described  mechanism  is  no  longer  in  operation.  It 
is  thought  that  as  the  transmission  frequency  increases  from 
15  to  22  MHz,  single  hop  propagation  is  predominant. 
Although  the  higher  frequency  rays  may  penetrate  deeper  into 
the  ionosphere  than  the  lower  frequencies,  the  control  points 
of  the  path  remain  in  approximately  the  same  geographic 
position.  Thus,  without  the  northward  shift  of  the  control 
points,  the  dependance  of  Doppler  spread  on  frequency  is 
revealed. 


Svo  I  bard— Tuentangen,  0000— OSOOHrs 


Figure  8. 

Doppler  spread  variation  with  frequency;  00  -  06  Hrs 


Figure  9. 

Doppler  spread  variation  with  frequency;  06-12  Hrs 
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Svalbard— Tuentangen,  1200—1  800  Hrs 


Figure  10. 

Doppler  spread  variation  with  frequency;  12-18  Hrs 


Frequency  [MHz] 

Figure  1 1 : 

Doppler  spread  variation  with  frequency;  18-24  Hrs. 

The  trend  of  Doppler  spread  decreasing  with  increasing 
frequency  (up  to  ~15  MHz)  is  consistent  with  data  collected  in 
August  1994  [Cannon  et  al,  1995]”.  Also,  the  proposed 
decrease  in  the  number  of  hops  as  frequency  increases  is 
consistent  with  the  propagation  modes  predicted  by  ICEPAC, 
though  further  analysis  will  be  needed  to  confirm  this  as  the 
primary  spreading  mechanism. 

7.  CONCLUSIONS 

These  results  from  DAMSON  demonstrate  its  utility  for 
making  measurements  pertinent  to  HF  systems  operating  in 
the  demanding  enviroment  of  the  high  latitude  region.  A  well 
defined  trend  of  Doppler  spread  decreasing  with  increasing 
frequency  (up  to  ~15  MHz)  has  been  found  that  is  believed  to 
be  driven  by  a  change  from  multi  to  single  hop  propagation.  A 


clear  dependance  of  the  median  spreads  on  the  geomagnetic 
index  Q  has  also  been  found.  These  two  results  provide  hope 
that  it  will  be  possible  in  the  future  to  model  and  predict  the 
Doppler  characteristics  of  HF  channels. 

The  analysed  data  have  displayed  median  values  of  Doppler 
spread  in  excess  of  10  Hz  during  high  Q  conditions  in  the  pre¬ 
midnight  sector,  though  individual  measurements  can  show 
much  greater  spreads  -  results  which  are  highly  significant  for 
the  design  of  HF  modems. 
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DISCUSSION 


Discusser’s  name:  G.  S.  Brown 


Question/Comment: 

On  your  multiple  hop  paths,  have  you  observed  any  sensitivity  to  the  roughness  of  the  sea  due  to 
attenuation  of  the  sea  surface  reflected  component? 


Author/Presenter’s  Reply: 

This  is  not  an  effect  that  we  have  considered.  However,  we  feel  that,  although  the  sea  state  may 
modify  the  characteristics  of  the  received  signal,  the  effects  will  be  small  and  extremely  difficult  to 
separate  from  the  actions  of  the  ionosphere. 
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DISCUSSION 


Discusser’s  name:  C.  Goutelard 

Comment/Question: 

1 .  Dans  VOS  modeles  de  propagation,  avez-vous  pris  en  compte  les  propagations 
possibles  hors  du  grand  cercle?  Nous  avons  dans  une  communication  AGARD  faite 
a  Ankara  vers  1986-87  signale  I’importance  de  ces  effets  qui  s’accompagnaient  de 
deviations  doppler  importantes. 

2.  Comptez-vous  utiliser  les  resultats  de  mesure  de  SUPERDARN,  experience  a 
laquelle  votre  pays  participe? 


Translation: 


1.  In  your  propagation  models  did  you  take  into  account  possible  off  great  circle 
propagation?  In  an  AGARD  paper  given  in  Ankara  in  1986-87  we  pointed  out  the 
importance  of  these  effects  which  were  accompanied  by  significant  doppler 
deviations. 

2.  Do  you  intend  using  the  results  of  the  SUPERDARN  project,  in  which  your  country 
participates? 


1 .  We  have  observed  the  effects  which  we  believe  to  be  associated  with  off  great  circle 
propagation.  First,  the  existence  of  highly  delayed  modes  observed  on  relatively 
short  paths.  Secondly,  modes  whose  spread  components  are  delayed  in  relation  to 
their  zero  doppler  shifted  component.  Future  work  will  address  these  two 
observations. 

2.  We  wish  to  use  data  from  other  instruments  to  increase  our  understanding  of  the 
mechanisms  effecting  the  DAMSON  transmissions.  We  would  therefore  be 
interested  in  SUPERDARN  data. 
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Observations  of  Doppler  spreading  and  FSK  signalling  errors  on  HF  signals  propagating  over  high 

latitude  paths 


B.S.  Dhanda,  E.M.  Warrington  and  T.B.  Jones 
University  of  Leicester 
Leicester,  LEI  7RH 
UK 


SUMMARY 

The  auroral  zone  ionosphere  forms  a  highly  dynamic  and 
disturbed  medium  which  can  severely  degrade  the  performance 
of  HF  radio  links  when  the  signals  propagate  through  these 
regions.  In  order  to  investigate  this  effect,  a  series  of 
experiments  have  been  undertaken  over  a  variety  of  high 
latitude  paths  for  which  the  Doppler  spreading  imposed  on  the 
signal  by  the  ionospheric  reflection  processes  and  FSK  data 
signalling  error  rates  and  distributions  were  measured. 

The  Doppler  spreads  observed  over  two  of  these  high  latitude 
propagation  paths  are  examined  in  this  paper  for  two 
experimental  campaigns,  one  conducted  during  the  summer 
months  and  the  other  during  winter  months.  One  of  these  paths 
was  contained  entirely  within  the  polar  cap  and  another  of  the 
paths  was  sometimes  entirely  within  the  polar  cap  and  at  other 
times  crossed  the  auroral  oval.  Times  of  increased  Doppler 
spreading  on  the  second  path  were  found  to  be  well  correlated 
with  periods  for  which  one  of  the  ionospheric  reflection  points 
was  within,  or  close  to,  the  boundaries  of  the  statistical  position 
of  the  auroral  oval. 

The  bit  error  rate  of  the  FSK  signals  was  not  influenced  by  the 
high  level  of  Doppler  spreading  observed  on  the  path  crossing 
the  auroral  oval.  However,  the  distribution  of  bit  errors  was 
markedly  affected  by  changes  in  the  Doppler  spreads.  At  times 
of  high  Doppler  spreading,  the  length  of  the  error  bursts  was 
significantly  less  than  for  the  cases  where  the  Doppler 
spreading  was  small. 

1  INTRODUCTION 

The  high  latitude  ionosphere  within  the  auroral  zone  forms  a 
highly  dynamic  and  disturbed  medium  which  can  severely 
degrade  the  performance  of  HF  radio  links  when  the  signals 
propagate  through  these  regions.  Characteristics  of  the  signal 
which  may  be  affected  include  the  signal  strength,  the  fading 
rate  and  the  frequency  range  over  which  signals  may  propagate 
(i.e.  an  increase  in  the  LUF  and  /  or  a  decrease  in  the  MUF). 
Furthermore,  large  Doppler  frequency  shifts  and  spreads  may 
be  imposed  on  the  signal  due  to  movements  in  the  ionosphere 
near  to  the  reflection  points.  In  order  to  examine  these  effects, 
signals  from  a  computer  controlled  transmitter  operating  on  a 
predetermined  frequency  and  modulation  schedule,  located  at 
Clyde  River  on  Baffin  Island  in  the  Canadian  North  West 
Territories  (70.5°  N,  68.5°  W)  were  received  at  several 


Figure  1.  Map  showing  the  iocations  of  the  transmitter 
and  receiver  sites.  Also  shown  is  the  average  position 
of  the  aurorai  ovai  at  0000  UT  for  moderate 
geomagnetic  activity. 


locations  so  as  to  give  paths  both  within  the  polar  cap  and 
crossing  the  auroral  oval.  Measurements  were  made  during 
two,  one  month  duration  experimental  campaigns  undertaken 
during  July  /  August  1988  and  during  January  /  February  1989. 
Measurements  are  presented  here  for  two  representative  paths, 
one  to  Alert  (1340  km)  which  is  contained  entirely  within  the 
polar  cap  and  the  second  to  Prudhoe  Bay  (2960  km)  which  is 
sometimes  within  the  polar  cap  and  at  other  times  trans-auroral 
oval. 

Large  Doppler  shifts  and  spreads  associated  with  high  latitude 
propagation  are  known  to  degrade  the  performance  of  data 
communications  systems,  the  precise  nature  of  the  degradation 
being  dependent  upon  the  modulation  format.  In  addition  to 
the  CW  signals  for  the  measurement  of  the  Doppler 
characteristics,  the  Clyde  River  transmitter  also  radiated  an 
850  Hz  shift  FSK  pseudo-random  data  signal.  It  was 
anticipated  that  at  times  of  large  Doppler  spreading,  significant 
changes  in  the  bit  error  rate  and  error  distributions  of  this  signal 
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would  occur.  These  signalling  error  parameters  and  their 
relationship  with  Doppler  spreading  for  the  path  to  Prudhoe 
Bay  are  also  examined  in  this  paper. 

2  EXPERIMENTAL  ARRANGEMENT 

Illustrated  in  Figure  1  are  the  positions  of  the  transmitter  and 
receiver  sites.  The  average  position  and  extent  of  the  auroral 
oval,  which  is  well  correlated  with  to  the  level  of  geomagnetic 
activity,  is  also  illustrated  in  this  figure  for  a  time  of  0000  UT 
and  moderate  (Kp=3)  geomagnetic  activity  (see  Feldstein  and 
Starkov  [1]). 

The  transmitter  system  was  based  around  an  amateur  radio 
Icom  735  transceiver  and  2KL  power  amplifier  modified  to 
include  frequency  stable  reference  oscillators  to  allow  accurate 
measurements  of  the  Doppler  spread  imposed  on  the  signal  by 
the  reflection  processes  in  the  ionosphere.  The  receiver  system 
was  based  around  a  Racal  RA6790/GM  remotely 
programmable  HF  receiver  provided  with  quadrature  outputs  at 
the  modulation  baseband.  These  baseband  signals  were 
simultaneously  sampled  and  recorded  by  a  microcomputer 
system  when  measurements  of  signal  strength  and  Doppler 
spread  were  being  made.  For  the  measurement  of  FSK 
signalling  errors,  the  baseband  signals  were  input  to  two  tone 
detection  filters,  the  outputs  of  which  were  sampled  and 
recorded  by  the  microcomputer  system.  The  data  were  stored 
on  magnetic  tape  for  subsequent  processing  and  analysis. 

The  transmission  schedule  comprised  two  parts: 

(a)  A  series  of  two  minute  sequences  transmitted  once  per 
hour  on  each  of  14  frequencies  in  the  range  3-23  MHz. 
Each  sequence  included  a  30  second  period  of  continuous 
carrier  during  which  the  Doppler  spectrum  of  the  received 
signal  was  measured  followed  by  the  callsign  transmitted 
in  Morse  code  for  recognition  purposes. 

(b)  A  series  of  two  minute  sequences  transmitted  on  six 
frequencies  once  per  hour.  Each  sequence  contained  a 
pseudo-random  binary  sequence  which  was  transmitted 
using  850  Hz  shift  FSK  for  30  second  periods  at  speeds  of 
50,  75  and  150  baud.  The  data  sequence  comprised 
continuously  repeated  168  bit  blocks  each  containing  three 
13-bit  Barker  sequences  for  synchronisation  purposes 
followed  by  129  bits  of  a  pseudo-random  sequence. 

Details  of  the  frequency  schedules  employed  are  given  in 
Table  1 .  It  should  be  noted  that  the  format  of  the  signals  was 
not  ideally  suited  for  the  studies  reported  here  since  they  were 
developed  as  diagnostic  aids  to  other  types  of  measurement. 
Better  statistics  concerning  the  signal  parameters  would  have 
been  obtained  with  long  duration  transmissions  rather  than  the 
short  signals  radiated  for  these  tests.  Despite  this  limitation, 
useful  results  have  been  obtained. 

3  DOPPLER  SPREAD 
3.1  Signal  recognition 

Special  care  was  taken  to  recognise  the  times  when  the 
measurements  were  contaminated  by  interfering  signals.  This 
was  achieved  in  these  experiments  by  applying  the  following 
tests  to  the  received  signals: 


Table  1.  Frequency  schedules  employed  during  the 
two  experimental  campaigns. 


Minutes  into 

the  hour 

Frequency 

(MHz) 

Summer 

Frequency 

(MHz) 

Winter 

Signal  type 

0 

6.800 

6.800 

FSK 

2 

9.941 

9.941 

FSK 

4 

13.886 

13.886 

FSK 

13 

3.185 

3.185 

CW 

15 

4.900 

4.900 

CW 

17 

6.800 

6.800 

CW 

19 

9.941 

9.941 

CW 

21 

13.886 

13.886 

CW 

23 

18.204 

18.204 

CW 

25 

20.900 

20.900 

CW 

30 

6.905 

6.905 

FSK 

32 

10.195 

10.195 

FSK 

34 

14.373 

14.373 

FSK 

38 

3.230 

4.455 

CW 

40 

5.200 

6.905 

CW 

42 

6.905 

10.195 

CW 

44 

10.195 

14.373 

CW 

46 

14.373 

17.515 

CW 

48 

17.515 

20.300 

CW 

50 

20.300 

23.169 

CW 

(a)  The  frequency  distribution  of  the  spectral  components  was 
tested.  A  dominant  peak  well  away  from  the  expected 
frequency  would,  for  example,  indicate  reception  of  a  co¬ 
channel  signal. 

(b)  The  presence  of  and  correct  position  of  the  modulation 
sidebands  occurring  during  the  Morse  code  portion  of  the 
signal  was  tested. 

Any  measurements  for  which  these  tests  indicated  the  presence 
of  a  signal  other  than  our  own  were  rejected  from  further 
analysis. 

3.2  Measurement  method 

Several  methods  of  quantifying  the  Doppler  spread  imposed  on 
a  signal  by  the  ionospheric  reflection  process  have  been 
employed  by  various  workers.  These  often  involve  fitting  an 
idealised  curve  to  the  measured  signal.  The  present 
observations  indicate  that  the  form  of  the  spectrum  varies 
considerably  between  measurements  and  consequently 
parameters  of  fitted  curves  would  not  be  a  reliable  measure  of 
the  Doppler  spread.  In  view  of  this,  a  simple  technique  was 
developed  in  which  the  area  under  the  normalised  signal 
spectrum,  corrected  for  the  base-line  noise  level  was  measured. 
This  area  was  multiplied  by  20  and  the  resulting  figure 
(referred  to  here  as  the  spread  index)  employed  as  a  measure  of 
the  Doppler  spread.  For  example,  for  a  simple  triangular 
shaped  amplitude  spectrum  of  base  width  10  Hz,  a  spread  index 
of  100  Hz  is  assigned.  This  simple  method  of  quantifying 
Doppler  spread  is  found  to  provide  a  good  indication  of  the 
spectral  broadening  on  a  scale  0  to  150  Hz  (approximately) 
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independently  of  the  received  signal  strength  and  the  precise 
shape  of  the  spectral  peak. 

33  Observations 

Considerable  variation  was  observed  in  the  Doppler  spread  of 
the  received  signals.  At  times,  the  spectra  were  very  narrow, 
similar  to  those  observed  for  mid-latitude  paths;  at  other  times 
large  spreads,  with  a  spread  index  often  in  excess  of  100  Hz, 
were  observed.  As  expected,  at  times  of  high  Doppler  spread 
the  amplitude  fading  was  fast  and  irregular,  whereas  at  times  of 
low  Doppler  spread  the  amplitude  fading  was  slow  and  much 
more  regular.  Details  of  the  measurements  made  at  each 
receiving  site  are  considered  in  the  following  sections. 

In  order  to  obtain  better  statistics,  measurements  for  closely 
spaced  frequencies  have  been  combined.  Only  times  for  which 
the  received  signal  passed  both  recognition  tests  have  been 
included.  Furthermore,  in  the  graphs  of  the  diurnal  variation  of 
the  average  spread  indices  and  the  corresponding  standard 
deviation  (Figures  2,  3,  5  and  6),  points  have  only  been  plotted 
for  times  at  which  there  are  5  or  more  measurements  passing 
both  recognition  tests. 

3.4  Alert 

The  variation  in  the  Doppler  spread  index,  averaged  over  the 
entire  campaign,  of  the  received  signals  for  all  frequency  pairs 
as  a  function  of  time  of  day  are  presented  in  Figures  2  and  3  for 
the  summer  and  winter  campaigns  respectively.  The  vertical 
bars  indicate  the  standard  deviation  of  the  measurements  for 
each  hour  of  the  day. 

Summer 

At  the  lowest  frequencies  radiated  by  the  Clyde  River 
transmitter  (3.185  and  3.230  MHz),  the  Doppler  spreads  of  the 
received  signals  are  relatively  low,  with  spread  indices  of 
around  20  Hz  for  the  period  0100  until  0700  UT  (i.e.  centred 
around  the  path  mid-point  midnight).  For  the  remainder  of  the 
day,  the  spread  indices  are  very  low,  around  5  Hz.  The  diurnal 
variation  in  Doppler  spread  is  more  marked  at  the  next  higher 
frequencies  (4.900  and  5.200  MHz)  with  a  comparatively  high 
Doppler  spread  centred  on  path  mid-point  midnight  and  low 
values  centred  around  mid-point  noon.  In  this  case  the  duration 
of  the  low  spread  index  period  is  shorter  than  at  the  lowest 
frequencies. 

A  diurnal  variation  of  the  form  observed  at  the  two  lower 
frequency  pairs  is  not  evident  at  6.800  /  6.905  MHz  and  9.941  / 
10.195  MHz.  On  these  frequencies  the  spread  index  is  around 
25  Hz  for  most  of  the  day  with  some  evedence  of  a  peak  at 
around  1200  UT.  At  13.886  /  14.373  MHz  and  above,  the 
signal  frequency  is  above  the  MUF  around  local  midnight,  and 
propagation  occurs  only  during  the  day.  On  these  higher 
frequencies,  there  is  evidence  of  a  peak  in  the  Doppler  spread 
occurring  shortly  after  the  signal  begins  to  propagate  (i.e.  at 
around  1 100  UT). 

The  frequency  of  occurrence  of  Doppler  spreads  with  spread 
indices  in  the  ranges  0-30,  30-100  and  >100  Hz  observed  on 
this  path,  expressed  as  a  percentage  of  all  signals  passing  both 
recognition  tests,  are  given  in  Table  2(a)  for  each  frequency 
pair.  From  these  tabulated  data,  and  the  graphs  of  Figure  2,  it 
is  clear  that  the  Doppler  spread  for  this  path  in  summer  is  less 


than  an  spread  index  of  30  Hz  for  the  majority  of  occasions  and 
very  rarely  does  the  spread  index  exceed  100  Hz. 

Winter 

During  the  winter  campaign  (see  Figure  3),  the  signal  only 
propagated  occasionally  at  and  above  the  13.886  /  14.373  MHz 
frequency  pair.  At  the  lower  frequencies,  the  spread  index  is 
much  larger  than  the  values  observed  during  the  summer 
period.  A  diurnal  variation,  with  two  minima,  one  at  around 
0300  UT  and  the  other  at  around  1700  UT,  is  apparent. 

The  frequency  of  occurrence  of  various  Doppler  spreadvalues 
over  the  range  of  propagation  frequencies  are  given  in  Table  2. 
In  contrast  to  the  summer  period,  the  Doppler  spread  is  much 
higher  in  winter,  the  spread  indices  being  in  the  range  30- 
100  Hz  for  most  of  the  time  and  exceeding  100  Hz  for  a 
significant  portion  of  the  time. 

Variation  with  geomagnetic  activity 

During  the  summer  period  the  level  of  geomagnetic  activity 
was  low:  Ap  had  a  mean  value  of  9  and  a  peak  of  12  during  the 
25  day  measurement  period.  There  is  a  tendency  for  the  more 
active  (Ap>10)  days  to  be  associated  with  slightly  higher 
Doppler  spreads,  although  the  opposite  effect  is  evident  at 
9.941  /  10.195  MHz. 

The  winter  period  was  geomagnetically  more  active,  with  a 
mean  Ap  of  21  and  a  peak  of  45.  As  during  the  summer  period, 
there  was  a  tendency  for  the  more  active  (Ap>20)  days  to  have 
slightly  higher  Doppler  spreads. 


Table  2.  Occurrence  of  Doppler  spreads  observed  on 
the  Clyde  River  to  Alert  path  expressed  as  a  percentage 
of  all  signals  recognised. 


(a)  Summer 


Frequency 

(MHz) 

SI<30 

Hz 

30-100 

Hz 

SI>100 

Hz 

Recogn 

rate 

3.185/3.230 

92% 

7% 

1% 

29% 

4.900/5.200 

74% 

25% 

1% 

58% 

6.800/6.905 

72% 

27% 

1% 

67% 

-/10.195 

80% 

18% 

2% 

67% 

13.886/14.373 

97% 

3% 

0% 

30% 

18.204/17.515 

83% 

17% 

0% 

15% 

20.900/20.300 

85% 

14% 

1% 

12% 

(b)  Winter 


Frequency 

(MHz) 

SI<30 

Hz 

30-100 

Hz 

SI>100 

Hz 

Recogn 

rate 

3.185/- 

13% 

81% 

6% 

28% 

4.455/4.455 

31% 

64% 

5% 

49% 

6.800/6.905 

22% 

68% 

10% 

40% 

9.941/10.195 

24% 

61% 

15% 

28% 

13.886/14.373 

0% 

65% 

35% 

1% 

18.204/17.515 

6% 

83% 

11% 

4% 

20.900/20.300 

- 

- 

- 

<0.1% 

Alerl_ winter  Freqs:  3.185  and  3,185  MHz 


Al6r1_winter  Freqs;  13.886  and  14.373  MHz 


Figure  3.  Mean  diurnal  variation  (curve)  and  standard 
deviation  (vertical  bars)  of  Doppler  spread  index  for  the 
path  to  Alert  during  the  winter  campaign. 
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Table  3.  Occurrence  of  Doppler  spreads  observed  on 
the  Clyde  River  to  Prudhoe  Bay  path  when  the  second 
2-hop  reflection  point  is  iocated  within  and  outside  the 
expected  (mean)  boundaries  of  the  aurorai  oval. 


(a)  Summer,  well  within  the  auroral  oval  (2000 
0400  UT). 


Frequency 

(MHz) 

SI<30 

Hz 

30-100 

Hz 

SI>100 

Hz 

Recogn 

rate 

3.185/3.230 

- 

- 

- 

0% 

4.900/5.200 

- 

- 

- 

0% 

6.800/6.905 

12% 

77% 

11% 

13% 

-/10.195 

20% 

49% 

31% 

70% 

13.886/14.373 

8% 

62% 

30% 

73% 

18.204/17.515 

13% 

66% 

21% 

30% 

20.900/20.300 

33% 

67% 

0% 

1% 

Figure  4.  Diurnal  variation  of  the  mean  position  of  the 
auroral  oval  relative  to  the  propagation  path  from 
Clyde  River  to  Prudhoe  Bay  (transmitter  at  the  bottom 
and  the  receiver  at  the  top). 


3.5  Prudhoe  Bay 

The  path  from  Clyde  River  to  Prudhoe  Bay  alternates  between 
being  contained  entirely  within  the  polar-cap  and  being  trans- 
auroral  oval.  This  is  illustrated  in  Figure  4  in  which  the 
statistical  position  of  the  auroral  oval  for  moderate 
geomagnetic  conditions  is  indicated  with  respect  to  the  path 
reflection  points.  Although  the  path  mid-point  is  always 
located  within  the  polar  cap,  the  second  2-hop  reflection  point 
is  close  to  the  boundaries  of  the  mean  auroral  oval  between 
approximately  1600  UT  and  0500  UT. 

Summer 

There  is  little  evidence  of  propagation  at  the  two  lower 
frequency  pairs  (see  Figure  5).  At  6.800  /  6.905  MHz  during 
the  period  of  propagation,  the  mean  spread  index  is  around 
60  Hz  with  no  apparent  diurnal  trend.  At  all  higher 
propagating  frequencies  there  is  a  clear  diurnal  variation  in 
Doppler  spread  with  a  minimum  around  1200  UT.  This 
variation  is  well  correlated  with  the  average  position  of  the 
auroral  oval  with  respect  to  the  propagation  path:  the  path  is 
almost  entirely  within  the  polar  cap  at  around  1200  UT  and  low 
Doppler  spreading  is  observed.  In  contrast,  large  spreads  are 
observed  when  the  second  2-hop  reflection  point  is  close  to  or 
within  the  active  auroral  zone,  at  around  0000  UT,. 

Winter 

For  the  winter  period  (see  Figure  6),  the  Doppler  spreads  are 
significantly  larger  than  those  for  the  summer  period,  typical 
spread  indices  being  in  the  order  of  90  Hz.  Unlike  the  summer 
period,  there  is  little  or  no  discernible  diurnal  variation  in  the 
Doppler  spreads. 

Variation  with  geomagnetic  activity 

During  the  summer  period,  there  is  little  difference  in  Doppler 
spreads  observed  between  the  geomagnetically  more  active 
days  (Ap>10)  and  for  the  geomagnetically  less  active  (Ap<10.). 


(b)  Summer,  well  outside  the  auroral  oval  (0900- 
1400  UT). 


SI<30 

Hz 

30-100 

Hz 

SI>100 

Hz 

Recogn 

rate 

3.185/3.230 

- 

- 

- 

0% 

4.900/5.200 

11% 

79% 

10% 

7% 

6.800/6.905 

13% 

77% 

10% 

55% 

-/10.195 

44% 

47% 

9% 

65% 

13.886/14.373 

71% 

27% 

2% 

71% 

18.204/17.515 

72% 

26% 

2% 

17% 

20.900/20.300 

13% 

75% 

12% 

3% 

(c)  Summer,  all  times. 


Frequency 

(MHz) 

SI<30 

Hz 

30-100 

Hz 

SI>100 

Hz 

Recogn 

rate 

3.185/3.230 

- 

- 

- 

0% 

4.900/5.200 

11% 

80% 

9% 

4% 

6.800/6.905 

9% 

81% 

10% 

33% 

-/10.195 

25% 

54% 

21% 

67% 

13.886/14.373 

33% 

53% 

14% 

72% 

18.204/17.515 

35% 

52% 

13% 

30% 

20.900/20.300 

16% 

51% 

33% 

3% 

(d)  Winter,  all  times.  Note  that  the  occurrence  statistics 
are  very  similar  for  times  when  the  path  is  within  or 
crossing  the  auroral  oval;  hence  only  the  overall  values 
are  given. 


Frequency 

(MHz) 

SI<30 

Hz 

30-100 

Hz 

SI>100 

Hz 

Recogn 

rate 

3.185/- 

- 

- 

- 

<1% 

4.455/4.455 

2% 

92% 

6% 

7% 

6.800/6.905 

0% 

45% 

55% 

53% 

9.941/10.195 

1% 

62% 

37% 

39% 

13.886/14.373 

2% 

60% 

38% 

37% 

18.204/17.515 

4% 

59% 

37% 

33% 

20.900/20.300 

4% 

63% 

33% 

6% 

Doppler  spread  index  (Hz)  Doppler  spread  Index  (Hz)  Doppler  spread  index  (Hz)  Doppler  spread  index  (Hz) 


Pruclho0_Bay_sunimer  Freqs:  3.185  and  3,23  MHz 


150i 


Prudhoe_Bay_summer  Freqs:  1 3.886  and  14.373  MHz 


Figure  5.  Mean  diurnal  variation  (curve)  and  standard 
deviation  (vertical  bars)  of  Doppler  spread  index  for  the 
path  to  Prudhoe  Bay  during  the  summer  campaign. 


Prudho8_Bay_ winter  Freqs:  3.185  and  3.185  MHz 


Paidho6.Bay_winter  Freqs:  13.886  and  14.373  MHz 


12 

UT 


Prudhoe_Bay_wnt©r  Freqs:  4.455  and  4.455  MHz 


24 


Prudho8_Bay_winter  Freqs:  9.941  and  10.195  MHz 


Figure  6.  Mean  diurnal  variation  (curve)  and  standard 
deviation  (vertical  bars)  of  Doppler  spread  index  for  the 
path  to  Prudhoe  Bay  during  the  winter  campaign. 


6 


12 

UT 


24 
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The  most  apparent  feature  is  a  change  in  the  time  of  the 
minimum  in  the  diurnal  variation  to  around  1400  UT  at 
13.886  /  14.373  MHz.  There  is  no  apparent  trend  in  the 
relationship  between  Ap  and  spread  index  during  the  winter 
period. 


4  FSK  SIGNALLING  ERRORS 


A. 


4.1  Measurement  method 

Synchronisation  with  the  FSK  data  sequence  was  achieved  by 
cross  correlation  of  the  received  signal  with  the  known  39-bit 
pseudo-Barker  coded  data  sequence.  After  synchronisation,  the 
received  data  were  compared  with  the  expected  pseudo-random 
sequence  and  the  position  and  distribution  of  the  signalling 
errors  determined. 

It  is  interesting  to  note  that  errors  rarely  occurred  in  adjacent 
bits,  although  at  times  the  errors  did  tend  to  cluster  into  groups, 
referred  to  here  as  error  bursts  (e.g.  see  Figure  7  for  the  Clyde 
River  to  Prudhoe  Bay  path).  An  error  burst  was  defined  as  a 
group  of  bits  starting  and  ending  with  bits  received  in  error 
followed  by  at  least  4  correctly  received  bits.  The  error  free 
periods  between  error  bursts  are  referred  to  as  the  guard  space. 
These  definitions  are  similar  to  those  employed  by  Brayer  [2]. 

4.2  Relationship  to  signal  to  noise  ratio 

The  signal  to  noise  ratio  (SNR)  was  measured  by  comparing 
the  signal  power  from  the  FSK  tone  detection  filter  in  which 
the  signal  was  expected  (from  the  known  data  sequence)  with 
the  power  from  the  other  tone  detection  filter  which  was 
assumed  to  be  a  measure  of  the  background  noise  alone. 


A 


- a 

AAJIAJI _ TUI _ 


0  20  40  60  80  100 

B  i  t  number 

Figure  7.  Example  of  the  grouping  of  errors  for  the 
13.886  MHz,  150  baud  signal  at  1300  UT  on  25  July 
1988.  2000  bits  are  shown,  100  on  each  row  of  the 
figure. 


The  average  diurnal  variations  of  signal  to  noise  ratio  taken 
over  the  entire  campaign  for  signal  frequencies  of  6.800  MHz, 
9.941  MHz  and  13.886  MHz  are  presented  in  Figure  8.  Almost 
constant  values  of  around  30  dB  occur  for  the  two  higher 
frequency  signals.  A  marked  variation  occurs  for  the 
6.880  MHz  signal  with  the  highest  SNR  occurring  at  around 
path  mid-point  midnight  when  the  D  region  absorption  is  least. 
It  should,  however,  be  noted  that  the  SNR  values  indicated  in 
this  figure  are  averaged  over  the  entire  campaign;  much  lower 
values  occurred  at  times,  often  as  a  result  of  destructive 
interference  between  the  various  propagation  modes. 

The  probability  of  a  bit  being  received  in  error  was  found  to 
increase  with  decreasing  signal  to  noise  ratio  (e.g.  see  Figure  9 
for  the  13.886  MHz  150  baud  signal).  The  form  of  the 
observed  variations  are  in  good  agreement  with  the  expected 
(theoretical)  distributions  [3]. 

4.3  Error  distribution  measurements 
The  following  analysis  of  the  bit  error  distributions 
concentrates  on  the  13.886  MHz  measurements  recorded 
during  the  summer  campaign  on  the  path  to  Prudhoe  Bay. 

Averaged  error  distributions  for  this  frequency  at  50,  75  and 
150  baud  as  a  function  of  time  of  day  are  presented  in 
Figure  10.  There  is  evidence  of  an  increase  in  error  bursts  of  2 
or  more  bits  around  1200  UT  when  the  second  2-hop  reflection 
point  is  expected  to  be  furthest  away  from  the  auroral  oval. 
The  largest  variation  is  observed  at  50  baud  where  the 
probability  of  a  burst  of  2  or  more  errors  increases  from 
approximately  5%  to  20%. 


13.886  MHz 


9.941  MHz 


6.800  MHz 


Figure  8.  The  average  diurnal  variation  of  signal  to 
noise  ratio  taken  over  the  entire  summer  campaign  for 
signal  frequencies  of  6.800  MHz,  9.941  MHz  and 
13.886  MHz. 
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Figure  9.  Variation  of  the  probability  of  a  bit  being  in 
error  as  a  function  of  SNR  for  the  13.886  MHz, 
150  baud  signal.  25  July  1988. 

The  variation  in  the  length  of  the  guard  space  with  time  of  day 
is  presented  in  Figure  11.  No  correlation  between  the  time  of 
day  and  the  length  of  the  guard  space  is  apparent. 

4.4  Relationship  of  error  distribution  to  Doppler  spread 

The  distribution  of  bit  errors  changes  markedly  with  changes  in 
the  Doppler  spread.  For  periods  with  the  lowest  Doppler 
spread,  the  tendency  for  bit  errors  to  occur  in  clusters  is 
greatest.  As  the  Doppler  spread  increases,  the  average  length 
of  the  error  bursts  decrease.  This  is  illustrated  for  the 
13.886  MHz  signal  in  Figure  12  in  which  the  percentage  of 
error  bursts  of  a  particular  length  is  shown  as  a  function  of 
Spread  Index  for  signalling  rates  of  50,  75  and  150  baud.  It  is 
also  apparent  from  this  figure  that  the  error  bursts  are  longer  (in 
bits)  at  the  higher  data  rates. 

Little  or  no  variation  in  the  length  of  the  guard  space  was 
observed  at  all  baud  rates.  Almost  all  guard  spaces  were  at 
least  10  bits  in  length  with  about  80%  exceeding  50  bits  and 
about  45%  exceeding  100  bits  (see  Figure  13). 

5  CONCLUDING  REMARKS 

Several  interesting  features  of  the  propagation  of  HF  signals 
over  high  latitude  paths  have  been  observed: 


(a)  Large  Doppler  spreads,  with  spread  indices  often  in  excess 
of  100  Hz,  are  frequently  observed  on  all  paths  indicating 
the  presence  of  a  turbulent  ‘rough’  ionospheric  reflector 
which  produces  multiple  sub-modes. 

(b)  The  Doppler  spreading  of  trans- auroral  oval  signals  is  well 
correlated  with  the  average  position  of  the  auroral  oval 
relative  to  the  path  reflection  points.  This  region  is  a 
source  of  major  disturbance. 

(c)  The  bit  error  rate  of  low  speed  850  Hz  shift  FSK  signals  is 
not  influenced  by  the  high  level  of  Doppler  spreading 
observed  on  trans-auroral  oval  paths.  The  error  rate  is 
well  related  to  the  received  SNR  and  is  in  good  agreement 
with  the  theoretical  distribution. 

(d)  The  distribution  of  bit  errors  is  markedly  affected  by 
changes  in  the  Doppler  spreading  of  the  received  signals. 
At  high  Doppler  spreads,  the  length  of  the  error  bursts  is 
significantly  less  than  for  the  cases  where  the  Doppler 
spreading  was  small.  However,  no  significant  affect  on 
the  length  of  the  guard  space  between  error  bursts  is 
evident. 

The  large  spread  in  the  frequency  spectrum  of  the  received 
signals  is  a  well  known  feature  of  high  latitude  propagation. 
However,  the  present  studies  show  that  the  Doppler  spread  is 
sensitive  to  auroral  activity  and  to  the  geometry  of  the 
propagation  path  in  relation  to  the  auroral  oval.  Furthermore,  it 
has  proved  possible  to  relate  the  Doppler  spreading  imposed  on 
the  signal  by  the  ionospheric  reflection  processes  to  the  error 
distribution  characteristics  of  low  speed  FSK  signals. 
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^  Individually  occuring  errors 

O  Error  bursts  of  2  or  more 

A  Error  bursts  of  3  or  more 

K  Error  bursts  of  4  or  more 

^  Error  bursts  of  5  or  more 


13.886  MHz,  150  baud 


Tiine(UT) 


Figure  10.  Average  number  of  errors  occurring  individually  or  in  bursts  as  a  percentage  of  the  total  number  of  errors 
recorded  on  the  13.886  MHz  FSK  data  transmission  during  the  summer  1988  experimental  campaign. 
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Figure  11.  Average  length  of  guard  space  as  a  percentage  of  the  total  number  of  guard  spaces  recorded  on  the 
13.886  MHz  FSK  data  transmission  during  the  summer  1988  experimental  campaign. 
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O  Individually  occuring  errors 

O  Enor  bursts  of  2  or  more 

A  Error  bursts  of  3  or  more 
®  Error  bursts  of  4  or  more 
^  Error  bursts  of  5  or  more 


13.886  MHz,  50  baud 


Spread  Index 


Spread  Index 


13.886  MHz,  150  baud 


Spread  Index 


Figure  12.  Average  number  of  errors  occurring  individually  or  in  bursts  as  a  percentage  of  the  total  number  of  errors 
recorded  on  the  13.886  MHz  FSK  transmission  during  the  summer  1988  experimental  campaign  plotted  as  a  function  of 
the  corresponding  spread  index. 


O  Guard  space  of  10  or  more 

O  Guard  space  of  50  or  more 

A  Guard  space  of  100  or  more 


Figure  13.  Average  length  of  guard  space  as  a  percentage  of  the  total  number  of  guard  spaces  recorded  on  the 
13.886  MHz  FSK  transmission  during  the  summer  1988  experimental  campaign  plotted  as  a  function  of  the 
corresponding  spread  index. 


18-13 


DISCUSSION 


Discusser’s  name: 


P.  Cannon 


Comment/Question; 

In  respect  to  your  error  distribution  on  incoherent  FSK  signals.  I  wonder  what  your  link  margin 
uses?  A  large  spread  would  place  signal  power  outside  of  the  tone  filter  but  this  might  not  matter 
in  an  incoherent  system  if  there  was  sufficient  power  margin.  This  is,  of  course,  providing  that  the 
spread  power  does  not  fall  in  the  other  tone  filter.  Could  this  explain  why  the  FSK  error  rate  does 
not  increase  with  speed? 

Author/Presenter’s  reply: 

At  the  data  rates  employed  in  these  experiments,  the  level  of  Doppler  spreading  does  not  exceed 
the  tone  detection  filter  bandwidth.  Consequently,  the  detected  SNR,  and  hence  the  BER,  is  not 
degraded.  Problems  would  be  expected  to  occur  in  systems  employing  narrow  shifts  at  low  band 
rates  since  power  may  be  spread  outside  the  detector  filter  bandwidths  reducing  the  detected 
power  and  may  even  leak  into  the  pass  bands  of  other  detection  filters. 
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COMPARAISON  ENTRE  LES  FORMES 
D’ONDE  SERIE  ET  PARALLELE  POUR  LES 

TRANSMISSIONS  HE 


Didier  Pirez,  Dominique  Merel 
THOMSON-CSF  RGS 
66  me  du  Fosse  Blanc 
92231  GENNEVILLIERS 
FRANCE 


RESUME  :On  compare  des  formes  d’ondes  capables  toutes 
deux  de  demodulation  coherente,  grace  a  la  presence  de  symboles 
de  reference. 

On  cherche  tout  d’abord  a  comparer  les  performances  intrin- 
seques  des  formes  d’onde  dans  le  cas  de  modeles  de  canaux  de 
type  CCIR  (plusieurs  trajets  sur  quelques  millisecondes  affectds 
d’evanouissements  de  Rayleigh  independants).  Sur  ce  type  de  ca¬ 
nal  la  forme  d’onde  parallde  doit  se  comporter  comme  en  presen¬ 
ce  d’un  evanouissement  plat.  La  forme  d’onde  serie  doit  profiter 
d’un  effet  de  diversite  lie  a  I’independance  des  evanouissements, 
et  done  presenter  des  courbes  de  taux  d’erreurs  de  pente  plus  ele- 
vee,  les  performances  intrinseques  en  presence  d’un  seul  trajet 
etant  identiques. 

Dans  la  pratique  les  performances  de  la  forme  d’onde  serie 
s’eloignent  des  performances  intrinseques.  Ceci  est  du  en  partie  a 
la  sous-optimalit6  des  6galiseurs  effectivement  mis  en  oeuvre. 
Ceci  est  du  egalement  au  fait  que  I’egalisation  et  le  decodage  cor- 
recteur  d’erreurs  ne  sont  pas  optimises  conjointement.  La  forme 
d’onde  parallele  pent  quant-&-elle  rester  tres  proche  de  ses  perfor¬ 
mances  theoriques. 

On  donne  egalement  quelques  indications  sur  les  performan¬ 
ces  comparees  des  deux  formes  d’onde  en  fonction  de  I’etalement 
temporel,  de  I’etalement  doppler  ;  on  donne  dgalement  quelques 
resultats  de  mesure  sur  le  facteur  de  Crete  qui,  moyennant  un  trai- 
tement  prealable,  n’est  pas  toujours  defavorable  au  modem  paral¬ 
lele. 

La  forme  d’onde  serie  presente  done  quelques  avantages  in¬ 
trinseques  sur  la  forme  d’onde  parallele  mais  ces  avantages  ne 
pourront  etre  exploites  qu’en  se  rapprochant  des  performances 
theoriques  de  I’egalisation  (maximum  de  vraisemblance)  et  en 
optimisant  conjointement  Legalisation  et  le  decodage.  Dans  I’in- 
tervalle  la  forme  d’onde  parallele  presente  une  solution  tres  per- 
formante,  y  compris  jusqu’aux  tres  hauls  debits  (9600  bits/s). 


A.  INTRODUCTION 


Les  formes  d’onde  paralleles  sont  historiquement  les  premie¬ 
res  a  avoir  permis  des  debits  importants  sur  le  canal  HF. 

Dans  les  mises  en  oeuvre  qui  ont  ete  proposees,  on  reproduit 
dans  le  processus  de  demodulation  un  processus  de  demodulation 
bas-debit  porteuse  par  porteuse  :  on  retrouve  des  modulations 
FSK  ou  PSK  differentielle  &  chaque  frequence. 


Le  codage  par  centre  pent  prendre  en  compte  1’ aspect  haut- 
debit  de  la  transmission.  Ainsi  dans  1’ ANDVT  («Advanced  Nar¬ 
row-band  Digital  Voice  Terminal»)a  ete  propose  un  codage  de 
Golay  portant  sur  I’ensemble  des  porteuses  d’une  trame. 

Les  modems  serie  sont  apparus  ensuite,  des  que  les  develop- 
pements  technologiques  ont  permis  la  mise  en  oeuvre  des  algo- 
rithmes  adaptatifs  necessites  par  Legalisation. 

On  considere  generalement  que  ces  modems  serie  ont  des 
performances  meilleures  que  celles  des  modems  paralleles  qui  les 
ont  precedes.  Ils  se  sont  imposes  et  continuent  de  s’imposer  dans 
toutes  les  normes  de  transmission  a  moyen  debit  (entre  300  et 
2400  bits/s). 

Cependant,  les  algorithmes  d’egalisation  deviennent  plus 
complexes  lorsqu’on  essaye  d’atteindre  des  debits  beaucoup  plus 
eleves.  Pour  atteindre  ces  debits  avec  une  complexite  de  mise  en 
oeuvre  faible,  nous  avons  developpe  &  THOMSON-CSF  RGS  un 
nouveau  type  de  modem  parallele,  base  sur  une  demodulation  et 
un  decodage  coherent  ([7]).  Cette  demodulation  coherente  est 
rendue  possible  par  Ladjonction  dans  la  forme  d’onde  de  porteu¬ 
ses  de  reference  (connues  du  recepteur),  qui  servent  a  estimer  la 
fonction  de  transfert  du  canal,  ainsi  que  le  niveau  de  bruit  sur  cha¬ 
que  frequence. 

Aux  ddbits  61ev6s,  il  est  difficile  de  faire  des  comparaisons 
entre  une  forme  d’onde  parallele  de  ce  type  et  des  formes  d’onde 
serie,  encore  peu  disponibles  pour  les  raisons  de  complexite  de 
processus  d’egalisation  deja  mentionnees.  II  est  cependant  possi¬ 
ble  d’effectuer  cette  comparaison  a  debit  moyen. 

Dans  la  suite  de  Particle  on  tente  tout  d’abord  d’etablir  des 
performances  theoriques  des  deux  formes  d’onde  sur  un  modele 
de  canal  &  multi-trajets  et  evanouissements  de  Rayleigh.  On  dis¬ 
cute  ensuite  les  problemes  d’algorithmie  et  de  mise  en  oeuvre  qui 
nous  eloignent  des  performances  theoriques.  Enfin  on  envisage 
les  axes  de  recherche  qui  pourraient  faire  evoluer  ces  resultats. 


B.  PERFORMANCES  INTRINSEQUES 


B.T.  PRTNCTPH  DH  I.A  COMPARAISON 


B.I.l.  Modele  de  canal 

Le  modMe  de  canal  est  du  type  Watterson,  e’est-a-dire  que 
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Ton  a  des  trajets  multiples  k  evanouissements  de  Rayleigh  inde- 
pendants([6]).  Pour  bien  mettre  en  evidence  les  effets  de  diversi- 
te,  on  a  pris  ici  trois  trajets  de  meme  amplitude  moyenne.  De  plus, 
pour  faciliter  les  calculs  dans  le  cas  du  modem  serie,  on  a  choisi 
des  ecarts  temporels  multiples  de  la  periode  symbole.  Plus  parti- 
culierement,  les  retards  sont  0,  T  et  3T,  ou  T  est  la  periode  sym¬ 
bole  (du  modem  serie).  II  faut  remarquer  que  pour  une  vitesse  de 
modulation  typique  de  2400  bauds,  ce  canal  n’est  pas  bien  severe, 
puisqu’il  s’etale  sur  1,25  ms. 

Dans  la  suite  on  supposera  que  la  reponse  impulsionnelle  du 
canal  est  en  permanence  parfaitement  connue  du  recepteur. 


B.I.2.  Codage 

On  essaye  ici  d’evaluer  les  performances  des  formes  d’onde 
sur  une  transmission  codee.  Pour  ce  faire  on  utilise  une  modula¬ 
tion  codee  qui  passe  2  bits  utiles  par  symbole  en  8PSK([5]).  Le 
codeur  utilisd  est  un  codeur  convolutionnel  systematique  de  lon¬ 
gueur  de  contrainte  7,  de  rendement  2/3  (voir  schema  ci-dessous). 
L’ affectation  des  bits  codes  aux  symboles  8PSK  se  fait  selon  la 
numerotation  naturelle.  On  suppose  que  I’entrelacement  est  par- 
fait,  c’est-S-dire  que  les  symboles  successifs  qui  arrivent  au  deco- 
deur  sont  passes  par  des  canaux  totalement  independants.  Avec 
ce  code,  on  obtient  alors  une  diversite  de  4  sur  le  fading  de  Ray¬ 
leigh. 


On  voit  dans  cette  expression  que  la  valeur  de  la  frequence  de 
la  sous-porteuse  et  la  valeur  du  temps  de  retard  du  trajet  inter- 
viennent  uniquement  dans  des  termes  de  dephasage  par  rapport 
aux  amplitudes  complexes  des  trajets.  s’ecrit  alors  comme  une 
somme  de  variables  gaussiennes,  c’est  done  egalement  une  varia¬ 
ble  gaussienne. 

Si  maintenant  on  considere  deux  valeurs  A^  et  A^,  prises  a 
des  instants  suffisamment  eloignes  pour  assurer  la  decorrelation 
des  amplitudes  complexes  des  trajets  hj(t„)  et  hi(tnj),  on  aura  rea¬ 
lise  deux  tirages  independants  de  la  variable  gaussienne  A„. 

Dans  le  modele  de  canal  considere,  les  amplitudes  des  trajets 
sont  egalement  supposees  decorrelees  entre  elles  (modele  de 
Watterson).  On  peut  done  calculer  facilement  la  puissance  de  An : 

E(|A.f)  =  XKIM') 

i 


On  voit  done  que  le  modele  theorique  correspondant  au  mo¬ 
dem  parallele  pour  le  probleme  pose  est  celui  d’un  fading  de  Ray¬ 
leigh  parfaitement  entrelace,  dont  la  puissance  est  la  somme  des 
puissances  des  trajets. 


B.I.3.  Fonctionnement  du  modem  parallele 

On  suppose  ici  que  les  parametres  des  trames  modem,  en  par- 
ticulier  le  temps  de  garde  entre  les  trames,  sont  bien  dimension- 
nes  de  telle  maniere  que  Ton  soit  dans  I’hypothese  de  travail 
habituelle  du  modem  parallele  :  il  n’y  a  pas  d’ interference  inter- 
symbole.  Par  ailleurs,  on  neglige  les  effets  des  non-stationnarites 
du  canal  pendant  la  duree  de  la  trame  (ces  effets  seront  pris  en 
compte  dans  un  autre  paragraphe). 

Dans  cette  hypothese,  si  un  symbole  8PSK  s„  est  emis  a  un 
instant  t„  sur  une  sous-porteuse  de  frequence  f„,  on  peut  conside- 
rer  que  Ton  regoit  simplement  un  signal  Zn=An.Sn+bn,  oil  A„  est 
une  amplitude  complexe,  b^  est  un  echantillon  de  bruit  gaussien. 

Supposons  que  la  reponse  du  canal  s’ecrive  : 

h(t,t)  =  ;^hi(t)5(T-Xi) 


e’est-a-dire  que  Ton  a  une  reponse  variable  dans  le  temps, 
mais  composee  de  trajets  de  retards  tj  fixes. 

II  s’agit  ici  d’un  modele  simplifie  puisqu’on  n’a  pas  pris  en 
compte  les  reponses  impulsionnelles  des  filtres  radio  de  I’emet- 
teur  et  du  recepteur. 


B.I.4.  Fonctionnement  du  modem  serie 
Demarche 


On  evalue  ici  le  comportement  d’un  egaliseur  a  decision  dans 
la  boucle,  qui  est  une  structure  communement  utilisee 
aujourd’hui.  La  structure  generate  retenue  est  la  suivante([3]) : 


Dans  la  structure  classique  de  I’egaliseur  a  decision  dans  la 
boucle,  on  trouve  en  tete  un  filtre  adapte,  et  non  pas  un  filtre  adap- 
te  blanchi,  suivi  d’un  echantillonnage  au  rythme  symbole  et  d’un 
filtre  transverse  echantillonne.  Cette  stmeture  est  cependant  tout- 
a-fait  equivalente  en  theorie,  et  presente  plusieurs  avantages  en 
pratique. 

La  demarche  que  nous  aliens  suivre  est  un  peu  plus  complexe 
que  dans  le  cas  du  modem  parallele. 

II  s’agit  d’effectuer  des  tirages  independants  de  la  reponse 
impulsionnelle  du  canal  decrite  plus  haut.  Pour  chaque  tirage,  on 
va  calculer  les  expressions  exactes  des  filtres  constituant  la  struc¬ 
ture  de  I’egaliseur.  On  pourra  en  deduire  un  rapport  signal  a  bruit 
au  niveau  de  I’organe  de  decision.  On  se  ramene  alors  pour  le  si¬ 
gnal  egalise  au  cas 


On  peut  alors  reecrire  1’ amplitude  complexe  A^  sous  la  forme 


ou  An  est  une  amplitude  complexe  et  bn  un  echantillon  de 
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bruit. 

On  fait  de  plus  I’hypothese  qu’en  sortie  d’egaliseur,  le  bruit 
et  le  residu  d’ interference  inter-symbole  sont  gaussiens,  ce  qui 
nous  permet  d’effectuer  des  tirages  aMatoires  de  I’echantillon  de 
bruit  bn 

On  est  alors  dans  une  situation  proche  de  celle  du  modem  pa- 
rallele.  Pour  ce  dernier  on  fait  un  certain  nombre  de  tirages  de 
I’amplitude  A„  et  du  bruit  bn.  An  suivant  une  loi  de  Rayleigh  ; 
pour  le  modem  serie  on  fait  des  tirages  de  la  reponse  impulsion- 
nelle  du  canal,  et  on  en  deduit  une  valeur  de  An  compte-tenu  du 
comportement  modelise  de  I’egaliseur, 

II  faut  remarquer  que  cette  approche  revient  ^  consid6rer  que 
les  symboles  passes  decides  reinjectes  dans  I’egaliseur  sont 
exacts.  On  traite  plus  loin  le  cas  oil  ils  sont  effectivement  decides. 

Calcul  du  filtre  adapti  blanchi 

Le  filtre  adapt6  blanchi  pent  se  mettre  en  theorie  sous  la  for¬ 
me  de  la  concatenation  d’un  filtre  adapte  au  canal,  d’un  echan- 
tillonage  au  rythme  symbole,  et  d’un  blanchisseur  echantillonne. 

Si  H(0  est  la  fonction  de  transfer!  du  canal,  et  y|,(f)  la  densite 
spectrale  du  bruit,  le  filtre  adapte  a  pour  fonction  de  transfer! 
:H*(f)/Yb(f)  • 

Si  on  echantillonne  derriere  le  filtre  adapte,  le  canal  equiva¬ 
lent  a  une  fonction  de  transfert : 


U(Z)  =  Uq- ]j[l-UiZ  ')  (l-  (l/u*i)z 
i 

Dans  cette  representation,  les  zeros  peuvent  etre  ranges  par 
paires,  dans  lesquelles  on  a  deux  inverses  conjugues ;  on  peut  par 
exemple  supposer  que  tous  les  u;  sont  de  module  inferieur  ou  egal 
a  1.  Le  filtre  blanchisseur  consiste  &  eliminer  tous  les  zeros  situes 
^  I’exterieur  du  cercle  unite  II  reste  done  ; 


V(z)  =  Uo-n(l-UiZ'’) 
i 


Cette  reponse  est  k  phase  minimale,  e’est-a-dire  en  particulier 
que  I’energie  est  concentree  au  maximum  sur  les  premiers  coef¬ 
ficients.  Par  ailleurs  on  sait  que  dans  le  cas  de  I’egaliseur  a  annu- 
lation  de  I’interference  inter-symbole  (  «zero  forcing  DFE»),  on 
a  realist  le  filtre  optimal  et  le  filtre  transverse  qui  suit  est  inuti- 
le([3]). 

Pour  le  critbre  du  minimum  d’erreur  quadratique  qui  nous  oc- 
cupe  ici,  le  filtre  transverse  est  encore  necessaire,  mais  le  nombre 
de  coefficients  a  utiliser  peut  etre  reduit  si  la  reponse  du  canal  est 
&  phase  minimale. 

Dans  le  cas  present  on  a  pris  soin  de  choisir  un  modele  de  ca¬ 
nal  ou  les  trajets  ont  des  temps  de  retard  multiples  de  la  periode 
symbole.  On  peut  alors  faire  tous  les  calculs  au  rythme  symbole. 
Pour  trouver  la  reponse  du  canal  en  sortie  du  filtre  adapte  blanchi, 
il  suffit  de  remplacer  dans  la  transformde  en  z  de  la  reponse  du 
canal  tous  les  zeros  h  I’exterieur  du  cercle  unite  par  leur  inverse 
conjugu6.  Le  filtre  qui  realiserait  cette  operation  est  un  filtre  pas¬ 
se-tout. 

Calcul  du  filtre  transverse  de  I’egaliseur 

On  se  fixe  un  nombre  de  coefficients  du  filtre  transverse, 
qu’on  prend  grand  devant  la  duree  de  la  reponse  impulsionnelle  & 
trailer  (ici  on  a  pris  20  coefficients  pour  une  reponse  k  phase  mi¬ 
nimale  s’6talant  sur  4  symboles). 

Si  on  appelle  h;  les  coeffieients  de  la  reponse  impulsionnelle 


k  phase  minimale,  on  peut  ecrire  pour  tout  echantillon  z„  : 


L-l 

=  Shi  Sn-i  +  b„ 
i  =  0 


Si  on  represente  par  un  vecteur  Z  I’ensemble  des  echantillons 
presents  dans  le  filtre  transverse  a  un  instant  donne,  et  par  S  I’en¬ 
semble  des  symboles  de  modulation  present  et  futurs  (la  contri¬ 
bution  des  symboles  passes  est  supposee  completement 
retranchee  par  la  partie  recursive  de  I’egaliseur),  on  peut  ecrire  : 


On  cherche  le  filtr^  A  qui  minimise  I’erreur  quadratique 
moyenne  lEljAtZ- sj  J 

La  solution  est  alors  classique,  en  faisant  intervenir  les  matri¬ 
ces  d’ autocorrelation  de  Z  et  d’ intercorrelation  avec  la  replique  s^ 


ce  qu’on  peut  ensuite  exprimer  en  fonction  des  parametres  du 
probleme : 


A  =  (Q  nt-b2o^Id)  '  ■  H 

avec  H=(hQ,h] . hL.i,0,...,0)^  et  2a^  puissance  du  bruit. 

On  peut  alors  retrouver  un  modele  du  type  : 
A'i'Z  =  “n  ■  comparaison  avec  le  modem 

parallele. 

L’ amplitude  complexe  est  assez  facile  a  retrouver ;  on  a : 


a„  =  AtH 


Pour  retrouver  la  puissance  du  bruit  (en  fait  bruit  plus  inter¬ 
ference  inter-symbole  r6siduelle)  en  sortie  du  filtre,  on  part  de  la 
puissance  totale  et  on  retranche  la  contribution  de  futile  : 


Ph  =  P,-P., 


19-4 


B.n.  RESIJLTATS 


On  a : 


At  •  R^.^;  •  A  =  At  •  H 


Compte-tenu  de  la  valeur  de  a„,  on  pent  ecrire : 


=  At-H  -  (l-(At.H)) 


On  pent  en  deduite  le  rapport  signal  a  bruit ; 


S  ^  At  -H 
B  1  -  (At  •  H) 


On  peut  egalement  faire  intervenir  dans  ce  calcul  la  puissance 
d’erreur  d’egalisation ;  on  peut  montrer  assez  facilement  que  Ton 
a : 


B.II.l.  SUR  SYMBOLES  DECIDES  EXACTS 


On  suppose  ici  que  Ton  reinjecte  dans  la  partie  rdcursive  de 
I’egaliseur  les  symboles  exacts,  et  on  applique  le  modMe  ci-des- 
sus,  avec  un  bruit  suppos6  gaussien  et  une  amplitude  calcul6e  a 
partir  du  rapport  signal  a  bruit  dans  le  cas  du  modem  serie,  et  une 
amplitude  suivant  une  loi  de  Rayleigh  dans  le  cas  du  modem  pa- 
rallele,  mais  avec  un  rapport  signal  a  bruit  moyen  egal  ^  la  somme 
des  rapport  signal  a  bruit  des  trajets. 

Le  decodage  de  la  modulation  codec  est  effectue  selon  le 
maximum  de  vraisemblance  avec  la  metrique  : 


JJ 


ou  les  s„  representent  la  sequence  de  symboles  a  decider,  et 
les  yn  sont  les  echantillons  refus,  qui  se  mettent  sous  la  forme  : 
y„=A[,Sn+bn,  oil  A^  est  une  amplitude  complexe  et  b^  un  echan- 
tillon  de  bruit  de  puissance 

On  obtient  alors  les  courbes  de  taux  d’erreurs  ci-dessous,  qui 
representent  le  taux  d’erreurs  binaires  en  sortie  de  decodage,  en 
fonction  du  rapport  signal  a  bruit  par  symbole  code  : 


A  *y„ 

n  r 

20} 


Pe  =  E(|AtZ-s/)=  l-AtH 


Le  rapport  signal  a  bruit  peut  done  encore  s’ecrire ; 


On  peut  egalement  retrouver  la  ponderation  optimale  des 
symboles  egalises  en  vue  d’un  decodage  correcteur  d’erreurs  : 
avec  un  modele  du  type  ;  y^^  =  aj^Sj^  +  etant  gaussien,  on 
salt  que  la  ponderation  optiinale  consiste  ^  transmettre  au  deco- 
deur  :Uj|  =  “n*yn^E(  |^„|  J  I  dans  le  cas  present,  ce  calcul  se 
reduit  a :  ^ 
u  = 

Pe 

La  ponderation  optimale  pour  un  egaliseur  a  decision  dans  la 
boucle  consiste  done  simplement  &  diviser  les  symboles  egalis6s 
par  la  puissance  d’erreur  d’egalisation. 

On  a  done  retrouve  pour  le  modem  serie  le  modele  simple  que 
Ton  avait  utilise  pour  le  modem  parallele.  La  difference  essentiel- 
le  etant  qu’on  ne  connait  pas  a  priori  la  densite  de  probabilite  sui- 
vie  par  le  rapport  signal  a  bruit  (ou  1’ amplitude  du  canal)  ;  on 
I’obtient  done  par  simulation  en  calculant  ce  S/B  h  chaque  tirage 
de  la  reponse  impulsionnelle  du  canal. 


On  constate  qu’a  faible  rapport  signal  a  bruit,  les  deux  cour¬ 
bes  se  confondent,  mais  qu’l  fort  rapport  signal  a  bruit,  la  pente 
de  la  courbe  correspondant  au  modem  serie  est  plus  forte,  avec  un 
avantage  d’ environ  2  db  a  un  taux  d’erreurs  de  10'^.  Ceci  corres¬ 
pond  bien  a  un  effet  de  diversite  sur  les  evanouissements  des  tra¬ 
jets  (diversite  fr6quentielle),  effet  dont  profite  le  modem  serie 
mais  pas  le  modem  parallele. 

B.TI.2.  SUR  SYMBOLES  REELLEMENT  DECIDES 

Dans  la  structure  de  I’egaliseur,  on  prend  des  decisions  sur  les 
symboles  8PSK  cod6s,  ces  decisions  servant  k  61iminer  I’influen- 
ce  des  symboles  passes  dans  I’interference  inter-symbole.  L’ ana¬ 
lyse  ci-dessus  suppose  que  ces  decisions  sont  bonnes,  e’est-^-dire 
que  I’influence  des  symboles  passes  est  totalement  retranchee. 
Cette  hypothese  n’est  evidemment  pas  realiste,  et  I’effet  des  er- 
reurs  de  decisions  intervient  dans  les  performances  intrinseques 
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de  I’egaliseur, 

Pour  analyser  cet  effet,  on  ne  peut  plus  se  contenter  du  mode- 
le  simplifie  precedent.  On  doit  done  simuler  le  processus  d’ega- 
lisation  en  tant  que  tel.  Pour  ce  faire,  on  entrelace  les  symboles 
par  bloc,  de  maniere  a  garder  I’hypothese  d’independance  des  ti- 
rages  de  la  reponse  impulsionnelle  sur  des  symboles  codes  suc- 
cessifs.  On  simule  done  pour  chaque  tirage  le  passage  par  le  canal 
de  transmission  bruite  correspondant,  et  I’egalisation  par  les  fil- 
tres  calcules  comme  precedemment. 

Sur  la  figure  ci-dessous,  on  a  reporte  les  deux  courbes  deja 
obtenues  pour  le  modem  parallele  et  le  modem  serie,  ainsi  que 
deux  courbes  obtenues  par  cette  nouvelle  simulation.  Tune  avec 
symboles  exacts  et  I’autre  avec  symboles  effectivement  decides. 


On  constate  que  la  decision  des  symboles  fait  perdre  large- 
ment  au  modem  serie  I’avantage  qu’il  avait  sur  le  modem  paral¬ 
lele. 

Deux  phenomenes  sont  en  jeu  ; 

-Le  premier  est  que  la  decision  porte  sur  les  symboles  codes, 
qui  ont  done  un  taux  d’erreurs  beaucoup  plus  eleve  que  les  bits 
decodes. 

-Le  deuxieme  phenomene  est  la  propagation  des  erreurs.  Les 
erreurs  de  decision  provoquent  une  moins  bonne  egalisation,  qui 
k  son  tour  provoque  des  erreurs  de  decision.  Dans  les  formes 
d’onde  serie  normalisees,  on  insere  a  intervalles  reguliers  des  se¬ 
quences  connues  («mini-probes»  en  anglais),  qui  ont  pour  but 
premier  de  faciliter  I’estimatlon  du  canal,  mais  qui  servent  egale- 
ment  a  casser  les  paquets  d’erreurs  de  ce  type.  L’ effet  reel  est 
done  sans-doute  moins  critique  que  ce  que  nous  exposons  ici, 
mais  bien-sur  avec  une  perte  de  debit  utile. 


C.  DEGRADATIONS  LIEES  A  LA  MTSE  RN 
CEIJVRK 


C.I.  PERTH'S  LIEES  A  TfRSTTlVlATTON  DE  CANAT. 

Les  evaluations  precedentes  supposaient  le  canal  parfaite- 
ment  connu.  Dans  la  pratique,  ralgorithme  d’estimation  de  canal 
est  un  parametre  crucial  du  fonctionnement  d’un  modem,  qu’il 
soil  serie  ou  parallble. 


Dans  le  modem  parallele  developpe  a  THOMSON-CSF 
RGS,  I’estimation  de  canal  est  realisee  par  un  echantillonnage  di¬ 
rect  de  la  fonction  de  transfer!  du  canal  par  des  porteuses  de  refe¬ 
rence  inserees  dans  certaines  frames. 

La  qualite  d’estimation  est  alors  conditionnee  par  le  taux  de 
repetition  de  ces  porteuses  de  reference  en  temps  et  en  frequence, 
par  rapport  a  la  vitesse  de  variation  du  canal  (donn6e  par  I’etale- 
ment  doppler)  d’une  part,  et  par  rapport  a  la  duree  de  la  reponse 
impulsionnelle  (pour  I’echantillonnage  en  frequence)  d’autre 
part.  Evidemment,  comme  ces  porteuses  de  reference  prennent 
une  part  du  debit  disponible,  on  est  conduit  a  realiser  des  compro- 
mis  entre  la  qualite  d’estimation  et  le  debit  utile  que  Ton  peut  en¬ 
visage!. 

Dans  certaines  formes  d’onde  serie,  on  peut  atteindre  en  prin- 
cipe  un  fonctionnement  similaire,  grace  a  la  presence  de  sequen¬ 
ces  connues  longues  repet&s  de  maniere  periodique.  C’est  le  cas 
du  STANAG  4285  oil  la  sequence  de  reference  pourrait  suffire  a 
echantillonner  le  canal  pour  des  etalements  doppler  moderes. 
Lorsque  cette  caracteristique  n’est  pas  presente,  on  doit  prendre 
en  compte  les  symboles  decides  dans  le  processus  d’estimation, 
avec  toutes  les  degradations  qu’apportent  les  erreurs  de  decision. 

Dans  le  processus  d’estimation  de  canal,  on  peut  compter 
egalernent  I’ensemble  des  algorithmes  lies  au  suivi  de  synchroni¬ 
sation,  et  au  suivi  de  derive  de  frequence,  dont  la  qualite  a  une  im¬ 
portance  considerable  dans  les  performances. 


C.II.  PERTRS  TJRES  A1 J  DIMENSTONNEMRNT  DHS 
FTLTRRS 

Dans  revaluation  des  performances  intrinseque  de  I’egali- 
seur,  nous  avons  pris  en  compte  une  reponse  impulsionnelle  de 
faible  longueur  (4  symboles),  que  Ton  supposait  dejk  k  phase  mi¬ 
nimale,  et  un  filtre  transverse  relativement  long :  20  coefficients. 

Pour  le  canal  HF,  on  considere  generalement  que  les  reponses 
impulsionnelles  peuvent  atteindre  une  duree  de  6  ms  dans  cer¬ 
tains  cas,  soit  un  peu  plus  de  14  periodes  symboles  a  2400  bauds. 

Par  ailleurs,  le  nombre  de  coefficients  des  filtres  est  en  gene¬ 
ral  limite  par  la  puissance  de  calcul  necessaire  k  leur  adaptation. 

On  a  done  Ik  une  source  de  degradation  suppl6mentaire. 


C.III.  PROBLEMRS  LTRS  AU  FACTRIJR  DH  CRETE 

Le  facteur  de  Crete,  e’est-k-dire  le  rapport  entre  la  puissance 
Crete  de  I’amplificateur  necessaire  pour  passer  la  forme  d’onde, 
et  la  puissance  moyenne  emise,  est  souvent  considere  comme  le 
principal  probleme  des  formes  d’onde  paralleles. 

En  effet,  on  peut  consid6rer  que  le  facteur  de  Crete  d’une  for¬ 
me  d’onde  serie  de  type  STANAG  4285  est  d’environ  4  k  5  db, 
alors  que  le  facteur  de  crete  d’une  forme  d’onde  parallele  est  en 
th6orie  egal  au  nombre  de  porteuses,  mais  se  situe  en  pratique  en¬ 
tre  10  et  12db  des  que  le  nombre  de  porteuses  est  suffisant. 

On  peut  cependant  faire  evoluer  ce  resultat  en  ecretant  le  si¬ 
gnal  k  remission.  Cette  operation  amene  des  degradations  de  per¬ 
formances  a  la  reception,  et  il  faut  done  choisir  le  seuil  d’ecretage 
en  fonction  d’un  compromis  entre  la  puissance  emise  et  ces  de¬ 
gradations. 

Des  essais  men6s  k  THOMSON-CSF  RGS  ont  permis  de  me- 
surer  des  facteurs  de  crete  de  I’ordre  de  4  db  sur  un  emetteur  reel. 
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pour  un  modem  parallele  utilisant  le  code  decrit  dans  cet  article, 
avec  des  degradations  tres  faibles  en  rapport  signal  a  bruit  moyen. 

On  voit  done  que  Ton  rejoint  sur  ce  critere  les  performances 
du  modem  serie. 

Par  ailleurs,  les  facteurs  de  crete  mesures  sur  les  formes  d’on- 
de  serie  dependent  de  la  constellation  utilisee  pour  les  symboles 
de  modulation.  Ils  seront  plus  eleves  pour  des  modulations  de 
phase  et  d’ amplitude  que  pour  les  modulations  de  phase  utilisees 
couramment  aujourd’hui.  Dans  le  cas  du  modem  parallele,  ce  pa- 
rametre  est  indifferent. 

r  TV.  F.XRMPT.F.S  DE  PERFORMANCES 

On  a  simule  une  forme  d’onde  serie  et  une  forme  d’onde  pa¬ 
rallele  sur  le  canal  a  trois  trajets  decrit  ci-dessus,  avec  un  etale- 
ment  doppler  de  1  Hz.  Le  code  utilise  est  le  meme  que  ci-dessus. 

La  forme  d’onde  serie  est  celle  du  STANAG  4285,  qui  offre 
done  un  debit  utile  de  1200  bauds,  soit  2400  bits/s  avec  le  code 
que  nous  avons  choisi. 

La  forme  d’onde  parallble  est  specifique ;  elle  a  41  porteuses, 
une  duree  de  trame  de  22,5  ms,  et  presente  un  debit  utile  de  1355 
bauds. 

La  simulation  des  demodulateurs  est  complete,  e’est-a-dire 
qu’elle  integre  I’estimation  de  canal,  le  suivi  de  synchronisation 
et  de  derive  de  frequence. 

On  donne  ci-dessous  les  resultats  pour  chacun  des  modems 
puis  on  compare  les  realisations  des  deux  types  de  formes  d’onde. 


On  voit  que  dans  le  cas  du  modem  parallele  les  pertes  par  rap¬ 
port  a  la  courbe  theorique  sont  limitees  h  moins  d’  1  db. 


Dans  le  cas  du  modem  serie,  les  pertes  par  rapport  a  la  theorie 
sont  plus  importantes,  meme  par  rapport  a  la  courbe  «symboles 
decides». 


Lorsqu’on  compare  les  deux  realisations,  on  constate  que 
I’avantage  potentiel  initial  du  modem  serie  a  disparu  complete- 
ment  dans  les  exemples  que  Ton  a  pris  ici  :  les  performances  du 
modem  parallMe  restent  proches  de  la  courbe  theorique,  alors  que 
la  complexite  du  modem  serie  induit  des  pertes  beaucoup  plus 
importantes. 


n.  OTIRT  OUKS  EVO!  JJTTONS  POSSIBLES 

Une  des  evolutions  probables  pour  les  formes  d’onde  serie  est 
le  remplacement  des  egaliseurs  a  decision  dans  la  boucle  par  des 
algorithmes  de  type  «maximum  de  vraisemblance  simplifi6», 
dont  le  probleme  sera  de  trouver  le  bon  compromis  entre  la  com¬ 
plexite  et  la  perte  de  performances  par  rapport  au  maximum  de 
vraisemblance. 

Un  autre  probleme  important  sera  I’integration  dans  un  meme 
processus  de  decision  de  I’egalisation  et  du  decodage  correcteur 
d’erreurs,  meme  lorsque  la  transmission  est  entrelacee.  On  a  vu 
que  la  decision  des  symboles  codes  8PSK  au  niveau  de  I’egali- 
seur  amenait  des  degradations  de  performances  importantes  dans 
notre  exemple. 

Enfin  un  point  important  sera  revolution  des  algorithmes 
d’estimation  de  canal.  Les  exigences  sur  la  qualitd  de  I’estimation 
de  canal  seront  d’autant  plus  fortes  que  Ton  cherchera  a  augmen- 
ter  le  debit  de  la  transmission. 

Dans  le  cas  du  modem  parallele,  on  pourrait  imaginer  de  re- 
trouver  une  partie  de  la  diversite  sur  les  trajets  par  des  concatena¬ 
tions  de  codes,  un  premier  niveau  exploitant  la  diversite 
frequentielle,  et  un  deuxieme  niveau  la  diversity  temporelle.  II 
faut  remarquer  que  dans  ce  cas  il  n’y  aurait  plus  de  differences 
fondamentales  entre  une  forme  d’onde  serie  et  une  forme  d’onde 
parallele,  le  premier  niveau  de  decodage  s’apparentant  a  I’egali- 
sation. 


R.  CONCLUSION 


Nous  avons  tente  dans  cet  article  de  comparer  les  performan- 
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ces  des  formes  d’ondes  serie  et  parallMe  coherente  en  separant  les 
effets  intrinsfeques  ^  la  forme  d’onde  des  effets  lies  aux  choix  de 
mise  en  oeuvre. 

II  apparait  que  pour  un  modele  de  canal  de  type  Watterson, 
avec  plusieurs  trajets  independants,  une  forme  d’onde  sdrie  ega- 
lisee  par  un  egaliseur  a  decision  dans  la  boucle  peut  mieux  profi¬ 
ler  de  la  diversite  frequentielle  liee  k  I’independance  des  trajets 
que  la  forme  d’onde  parallele. 

Malheureusement,  cet  avantage  est  quasiment  entierement 
annuls  par  la  propagation  des  erreurs  dans  la  boucle  recursive  sur 
les  symboles  decides. 

Par  ailleurs,  la  simpliclte  de  la  demodulation  de  la  forme 
d’onde  parallMe  fait  que  les  performances  des  systemes  mis  en 
oeuvre  peuvent  rester  tres  proches  des  performances  theoriques, 
ce  qui  est  plus  difficile  avec  la  forme  d’onde  serie. 

II  est  cependant  probable  que  dans  un  avenir  plus  ou  moins 
proche,  les  modems  serie  accomplissent  des  progres  significatifs. 
Dans  I’intervalle,  les  formes  d’onde  paralleles  constituent  un 
choix  altematif  de  faible  complexite  de  mise  en  oeuvre  pour  les 
debits  moyens  (jusqu’a  2400  bits/s),  et  une  solution  performante 
pour  explorer  les  debits  superieurs,  probablement  jusqu’a  9600 
bits/s. 
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1.  SUMMARY 

This  paper  presents  an  investigation  into  Real-time  Channel 
Evaluation  (RTCE)  from  predicted  zero-crossing  analysis  of: 
(i)  a  pilot-tone,  and,  (ii)  Frequency  Shift  Keying  (FSK) 
modem  tones  within  a  HF  (High  Frequency)  radio  system. 
This  work  extends  the  initial  investigations  from  the  early 
1970s  which  used  an  analogue  implementation  analysing 
phase  perturbation  by  time-differential  phase  comparisons  of 
a  low-level  pilot-tone  inserted  in-band.  The  results  to  be 
presented  in  this  paper  compare  theoretical  analysis  and 
measured  results  in  Gaussian  and  flat  fading  conditions,  and 
hence  identify  the  close  relationship  between  phase  threshold, 
zero-crossing  error  rate  and  SNR  (Signal-to-Noise  Ratio).  It 
will  conclude  with  recommendations  for  extending  the 
applicability  of  the  technique  to  FSK  (Frequency  Shift 
Keying)  systems  and  outline  methods  for  incorporation  into 
frequency  management  systems  for  various  different  radio 
systems  operating  in  the  HF,  VHF  and  UHF  bands. 

2.  INTRODUCTION 

The  utilisation  of  a  low-level,  co-channel  pilot-tone  as  a 
diagnostic  probe  to  monitor  current  channel  state,  can 
provide  an  insight  into  communication  system  performance. 
Specifically,  both  the  amplitude  and  phase  of  the  tone  is 
affected  by  underlying  propagation  conditions  and  co-channel 
interference,  with  phase  sensitivity  providing  the  best 
estimates  of  prevailing  conditions  [1].  Consequently,  analysis 
of  phase  perturbation  by  time-differential  phase-comparison 
can  be  used  to  estimate  the  prevailing  SNR. 

An  original  analogue  implementation  [2],  required  long 
observation  times  (e.g.  >200  seconds)  to  obtain  a  channel 
estimate  for  high  SNRs.  Latterly,  Grayson  [3]  by 
concentrating  on  reducing  the  observation  time,  identified 
that,  by  using  a  Digital  Signal  Processing  (DSP)  based 
implementation,  complete  channel  observations  could  be 
completed  in  2.5  seconds.  'Work  here  with  an  enhanced  DSP 
implementation  optimises  observation  time  still  further  to 
produce  meaningful  channel  quality  estimations  in  the  region 
of  750  ms. 

Application  of  this  research  is  focused  on  effective  spectrum 
management,  since  efficient  system  operation  depends  upon 


the  ability  to  react  to  a  range  of  parameters  that  characterise 
both  propagation  and  channel  noise.  The  use  of  RTCE  in  an 
automated  communication  system  can  reduce  the  use  of  high 
radiated  powers  by  selecting  frequencies  and  transmission 
times  for  which  the  received  SNR  is  maximised  and 
interference  avoided.  By  effectively  incorporating 
appropriate  RTCE  techniques,  significant  improvement  in 
system  performance  can  be  achieved,  as,  in  many  instances, 
interference  caused  by  congestion  is  the  limiting  factor  in  a 
communications  system  performance,  rather  than  the 
propagation  conditions. 


3.  RTCE  BY  PREDICTED  ZERO-CROSSING 
ANALYSIS  FROM  PILOT-TONES 

Pilot-tone  RTCE  uses  a  low  level  tone  placed  in-band  close  to 
frequencies  of  interest.  This  pilot-tone  is  then  analysed  to 
consider  aspects  such  as  instantaneous  phase,  amplitude,  and 
other  properties  that  are  affected  by  the  noise  and  channel 
perturbations.  In  this  application  the  pilot-tone  is  used  to 
provide  channel  quality  information  to  determine  the  required 
transmission  SNR  at  a  given  instant  in  time.  Although  both 
the  amplitude  and  phase  of  a  pilot-tone  are  affected  by 
propagation  conditions  and  interference,  it  is  the  phase  that 
most  directly  represents  operational  conditions  [4]. 
Consequently,  analysis  of  phase  perturbation  by  time- 
differential  phase-comparison  is  most  beneficial  for  providing 
channel  performance  information. 

In  a  digital  system,  the  incoming  baseband  signal  is  sampled 
and  filtered  to  extract  the  pilot-tone  using  a  highly-tuned 
narrow-band  FIR  (Finite  Impulse  Response)  filter.  The 
occurrence  of  a  zero-crossing  is  predicted  by  adding  a 
constant  value  of  ( "^ )  onto  the  previous  detected  crossing, 
( n  being  an  integer  and  X  representing  the  period  of  the 
pilot-tone).  The  timing  of  the  predicted  crossing  point  is  used 
to  calculate  the  phase  error  of  the  received  tone  and,  if  this  is 
greater  than  a  chosen  threshold,  a  failure  is  recorded.  The  rate 
of  phase  comparison  failure  is  then  used  to  infer  channel 
quality.  This  system  does  not  require  any  form  of  decoding  or 
demodulation  to  determine  the  channel  quality  and  in  this 
respect  is  non-parametric  system;  in  addition  to  this  no 
synchronisation  of  the  zero-crossing  of  the  pilot-tone  is 
required. 
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A  pilot-tone  subject  to  additive  Gaussian  noise  was  used  in 
initial  tests.  The  theoretical  results  were  derived  from 

equation  (3)  in  [1],  given  in  equation  (1).  is  the 

probability  of  zero-crossing  error  for  a  signal  in  Gaussian- 
distributed  noise,  0  is  the  pilot-tone  phase  threshold,  O  ^ 
RMS  noise  amplitude  at  the  output  of  the  RTCE  filter  (digital 
implementation),  Aq  is  the  signal  amplitude  (normalised), 

and  kg  is  the  envelope  of  the  autocovariance  of  the  output 
noise  of  the  RTCE  filter,  kg  is  given  by 

(2) 

p  Q  and  X  Q  are  given  by 

p  0  =  f  iV(/)  cos(co  -  CO  0  )Tdf  (3) 

^  iv  0 
and 

kg  =  — ^  j  N(f) sin((0  -(Ogyidf  (4) 

0 

where  T  is  the  comparison  interval  for  zero-crossing 
(correlation  interval),  (Og  is  the  angular  centre  frequency  of 

the  RTCE  filter  and  N{f)  is  the  spectral  density  function  of 
the  noise  at  the  output  of  the  RTCE  filter. 

For  a  200  Hz  tone  with  period  ( f  )  of  5  ms  the  comparison 
period  was  2.5  ms  ( /^  ).  The  threshold  setting  0  was  set  to 
multiples  of  the  maximum  resolution  of  ^5  i.e.  5^5 , 
and  .  As  expected,  for  a  smaller  phase  threshold,  the 

probability  of  error  was  higher  than  for  a  larger 

threshold,  for  any  given  SNR. 

In  calculating  the  theoretical  probabilities  of  error,  it  can  be 
seen  from  equations  (1)  to  (4)  that  the  phase  error  rate  is  not 
only  dependent  on  the  SNR,  but  also  on  the  autocovariance  of 
the  noise  kg ,  which,  in  turn  is  dependent  on  the  phase- 

comparison  interval  X  and  the  threshold  setting  0  .  The 

DSP  based  digital  pilot-tone  filter  design  produced  an 


Equivalent  Noise  Bandwidth  (ENB)  of  174  Hz.,  larger  than 
the  original  analogue  implementation.  The  value  of  the  ENB 
from  [5]  was  used  to  determine  with  numerical 

integration  of  (5). 


Hence  equation  (1)  was  evaluated  by  substitution. 

3.1.  Concluding  Remarks 

Practical  results  were  compared  to  the  theoretical,  as  shown  in 
Figure  1.  As  can  be  seen  the  results  for  both  theoiy  and 
experiment  are  in  close  agreement  at  all  threshold  values.  It 
was  noted  that  at  high  values  of  SNR,  where  the  value  of 

small,  the  measured  results  had  a  tendency 

to  diverge  from  the  theoiy.  The  probable  reason  for  this 
phenomenon  is  that  the  number  of  comparisons  possible  at 
high  SNRs  is  not  statistically  significant  when  compared  to 
the  probability  of  error  expressed  in  the  theory. 

Comparison  of  theoretical  and  measured  zero  crossing  error  rates  at  varying  thresholds 


Signal  to  Noise  Ratio  (dB)  in  174  Hz  Bandwidth 

Figure  1  Comparison  of  theoretical  and  measured 
results  for  zero-crossing  error  rates  for  a  pilot-tone  at 
various  threshold  values  under  Gaussian  conditions. 
(The  lines  are  theoretical  values  and  the  points  the 
measured  results). 
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3.2.  Optimisation  of  the  Required  Number  of  Phase 
Comparisons 

Initially  the  number  of  phase  comparisons  carried  out  were 
grouped  and  averaged  over  a  nominal  large  amount.  These 
groups  of  phase  comparisons  were  then  averaged  to  give  a 
measure  of  the  probability  pilot-tone  phase  error.  The  number 
of  groups  averaged  was  varied  as  a  function  of  the  SNR 
(averaging  a  high  number  of  groups  of  comparisons  in  high 
SNR  conditions),  thus  producing  a  statistically  valid  result  at 
low  probabilities  of  error.  As  Figure  2  shows,  for  a  range  of 
SNR  values,  the  probability  of  pilot-tone  phase  error 
converges  as  the  number  of  averaged  groups  of  phase 
comparisons  increases. 


Number  of  Averaged  Phase  Comparison  Groups 


Figure  2  The  probability  of  pilot-tone  phase  error 
becomes  convergent  with  an  increase  in  the  number  of 
averaged  groups  of  comparisons  increases.  These 
results  represent  a  phase  threshold  of  0.179  rads. 

An  investigation  was  carried  into  the  actual  number  of  phase 
comparisons  required  for  optimal  channel  evaluation.  In 

order  to  determine  a  reliable  estimate  of  „  the  results 

in  Figure  3  were  produced.  Here  a  number  of  repeated  trials 
at  a  constant  SNR  value  are  superimposed  to  show  how  when 
the  averaged  number  of  comparisons  is  increased  the 

resultant  value  of  becomes  convergent  to  its  final 

value.  Results  here  clearly  show  that  at  low  averaged 

comparison  totals  the  estimate  of  P  can  be  verv 

^\SS+N 

inaccurate  as  none  or  very  little  averaging  takes  place; 
however,  by  300  phase  comparisons  is  seen  to  be 

approaching  its  final  value.  This  represents  an  observation 
time  for  RTCE  in  the  order  of  750  ms  (300  phase 
comparisons  at  2.5  ms  duration  each). 


4.  RTCE  BY  PREDICTED  ZERO-CROSSING 
ANALYSIS  FSK  TONES  FROM  A  HE  MODEM  IN  A 
NON-FADING  CHANNEL 

Often  a  system  requiring  Frequency  Management  has  no 
provision  to  use  a  pilot-tone  RTCE  system  due  to  a  fixed 
implementation.  A  limited  power  budget  at  mobile  terminals 


10  100  1000  10000 
Number  of  Phase  Comparisons  Performed 


Figure  3  A  family  of  results  showing  increasing  number 
of  comparisons,  producing  convergent  resuits.  These 
results  represent  a  phase  threshold  of  0.179  rads  at  a 
SNR  of  14.8  dB. 


may  preclude  the  expenditure  of  any  additional  RF  power  for 
such  transmission.  From  a  security  aspect  it  would  not  be 
prudent  to  use  a  fingerprint  transmission  such  as  a  pilot-tone 
to  inadvertently  indicate  presence  and  location  of 
transmissions.  Thus  the  modulation  tones  used  for  data 
transmission  should  ideally  replace  the  pilot-tone  for  RTCE 
purposes.  Given  below  are  the  rules  which  govern  the 
requirements  for  the  modem  tones  to  be  successfully  used  in 
zero-crossing  analysis  [6]. 

A  MFSK  system  with  carefully  chosen  M  tone  frequencies 
and  symbol  rate  B  may  allow  the  RTCE  technique  to  be 
used  without  the  need  for  a  pilot-tone.  Specifically,  the 
modulated  output  must  be  amplitude  continuous  (symbol 
transitions  occurring  at  zero-crossing  points)  and  the  M 
transmitted  frequencies  must  satisfy  the  constraint; 

fi=mt^  /  =  1,2,3,...., M  (6) 

where  tfl  is  an  integer  and  is  the  time  between 

comparisons.  Similarly,  the  symbol  rate,  B  ,  must  satisfy  the 
condition 

B  =  Ptc  (7) 

where  p  is  also  an  integer.  Finally,  the  pilot-tone  digital 
filter  must  be  designed  such  that  it  passes  the  MFSK  tones. 
Instead  of  a  phase  threshold,  the  implementation  would  now 
accept  a  value  of  timing  tolerance  within  which  the  zero¬ 
crossing  should  occur.  This  tolerance  is  required  since  other 
zero-crossings  occur  that  are  not  used  in  the  analysis. 
Clearly,  it  would  be  possible  to  derive  RTCE  information 
from  the  phase  deviation  of  the  information-bearing  tones, 
making  the  pilot-tone  redundant. 
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Figure  4  Block  diagram  of  DSP  software 

Unfortunately,  it  is  not  always  possible  to  choose  the  modem 
specification  to  be  used,  with  this  application  an  amount  of 
signal  processing  was  required  prior  to  zero-crossing  analysis 
being  performed.  This  necessitated  the  use  of  digital  filtering 
techniques.  Here  an  image  reject  filters  [7],  producing  a 
quadrature  phase  shift  (by  means  of  a  93-tap  Hilbert  filter)  of 
the  input  signal  and  a  subsequent  mix  with  sine  and  cosine 
components  at  a  chosen  mix  frequency,  resulted  after 
Bandpass  Filtering  in  modem  tones  mixed  to  a  frequency  that 
allowed  equations  (6)  and  (7)  to  be  satisfied.  A  block 
diagram  is  given  in  Figure  4,  showing  the  extraction  of  tones 
from  an  FSK  modem  used  in  trials. 

Theoretical  results  were  developed  from  the  modified 
original  equation  for  the  phase-error  rate  of  a  pilot-tone 
accompanied  by  Gaussian-distributed  noise  given  by  equation 
(1).  In  order  to  adapt  the  equations  given  to  determine  the 
zero-crossing  error  rate  for  FSK  modem  tones  with  respect  to 
that  of  a  pilot-tone,  it  was  necessary  to  consider  each  tone 
separately,  and  in  the  limit  as  equi-probable.  It  was  assumed 
that  with  a  short  correlation  interval  ( X  ),  the  FSK  waveform 
was  continuous  over  the  period  of  zero-crossing  analysis. 
Once  the  individual  probabilities  of  error  had  been 
calculated,  the  mean  of  the  two  error  rates  gave  the  final 
value,  such  that: 


P 

«  SS+N,„,,  « 


e\SS+N 


(8) 


where 

P  I  Probability  of  zero-crossing  error  for  one 

of  the  modem  frequency  tones 

P  Probability  of  zero-crossing  error  for  the 

other  modem  frequency  tone 

The  phase  threshold  or  window  ( 9  j-;, )  was  based  upon  the 
number  of  sample  points  between  zero-crossings  of  the 
sampled  modem  tones.  With  0^.^  being  an  angular 
representation,  here  assumed  to  be  taken  around  the  zero¬ 


crossing  point;  it  is  given  in  terms  of  n ,  an  integer 
describing  the  digital  representation  of  the  threshold  in  terms 
of  the  number  of  samples.  These  two  entities  have  the 
following  relationship: 


0 


Th 


{2n-l)K 

29 


(9) 


Results  presented  here  use  a  value  of  n  ranging  from  1  to  3 
giving  values  for  0  of  ,  and  ^^/jg  respectively 

for  this  example. 


Expression  (8)  was  evaluated  numerically.  Figure  5  compares 
theoretical  values  of  probability  of  zero-crossing  phase  error 
for  the  modem  tones  with  measured  results  from  simulated 
trials.  The  results  are  independent  of  baud  rate,  as  described 
by  the  theory,  as  X  (correlation  interval)  is  constant 
throughout;  this  is  shown  in  practice  since  varying  the  baud 
rate  of  the  modem  has  no  effect  on  the  probability  of  zero¬ 
crossing  error;  however,  very  slow  rate  modems  would 
produce  some  practical  differences. 


Comparison  of  theoretical  and  measured  FSK  modem  error  rates  in  a  non-fading  channel 


Figure  5  Comparison  of  theoretical  and  measured 
results  for  zero-crossing  error  rates  for  FSK  modem 
tones  at  various  threshold  values  under  Gaussian 
conditions  (The  lines  are  theoretical  values  and  the 
points  the  measured  results). 
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4.1.  Concluding  Remarks 

As  can  be  seen  from  Figure  5  at  larger  window  sizes  and  at 
lower  SNR  values  the  measured  values  of  probability  of  zero¬ 
crossing  error  were  in  disagreement  with  that  given  by  the 
theory.  This  is  explained  by  the  large  valid  window  size 
(0  )  recording  a  lower  error  rate  for  the  high  noise  content 

signal.  The  software  implementation  is  not  discriminating 
enough  at  such  wide  window  values  to  determine  exactly 
where  subsequent  valid  zero-crossings  should  occur;  hence, 
invalid  crossings  are  considered  as  valid.  In  conclusion,  it  is 
clear  from  the  graph  that  the  small  window  size  results  are 
far  better  correlated  with  theory,  and  so  should  be  used  in  any 
application. 


5.  RTCE  BY  PREDICTED  ZERO-CROSSING 
ANALYSIS  OF  FSK  TONES  FROM  A  HF  MODEM  IN  A 
RAYLEIGH  FADING  CHANNEL 


Presented  here  are  theoretical  and  measured  results  for  zero¬ 
crossing  analysis  in  a  fading  environment.  The  theoretical 
results  are  based  upon  equation  (1):  the  expression  for  the 
probability  of  zero-crossing  error  for  a  steady  non-fading 


channel  ( 


). 


For  such  a  fading  channel,  the  first  order  pdf  (probability 
density  function)  of  the  Rayleigh  fading  signal  is  given  by 


attenuation  can  be  defined  for  each  skywave.  The  simulator 
has  a  Rayleigh  fading  profile  which  is  described  by  the 
Watterson  fading  model  [8]. 

The  simulator  parameters  stated  above  can  be  defined  in  such 
a  way  that  a  model  of  good  and  poor  fading  (as  detailed  by 
CCIR)  can  be  produced.  Using  2  skywave  paths  only,  with  a 
path  loss  attenuation  of  3  dB,  a  good  fading  channel  can  be 
represented  with  a  fade  rate  of  0.5  Hz  and  0.5  Hz  with  a  path 
delay  of  3.5  ms  and  3.0  ms  respectively,  for  each  skywave.  A 
poor  fading  channel  can  be  represented  with  a  fade  rate  of  1.0 
Hz  and  1.0  Hz  with  a  path  delay  of  5.0  ms  and  3.0  ms 
respectively,  for  each  skywave. 
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Figure  6  Comparison  of  measured  and  theoretical 
results  for  probability  of  zero-crossing  analysis  in  a 
Rayleigh  fading  channel.  (The  lines  are  theoretical 
values  and  the  points  the  measured  results). 


where  is  the  RMS  signal  amplitude  and  Aq  is  the 

instantaneous  signal  amplitude.  The  subscript  RS  signifies  a 
Rayleigh  fading  signal. 

For  slow  fading  as  defined  above,  the  signal  may  be  assumed 
constant  for  the  duration  of  the  sampling  interval  t  .  The 
phase  error  probability  for  the  fading  signal  plus  noise  is 
therefore  given  by: 

^«L5+Ar  “  J  (^0 

0 

i.e.  the  steady  signal  phase  error  for  a  given  signal  level 
weighted  with  the  probability  of  that  signal  level  occurring. 
From  this,  expression  (12)  can  be  derived  from  (11). 

In  the  same  way  as  described  previously,  equation  (12)  was 
adapted  to  give  the  probability  of  zero-crossing  error  for  FSK 
modem  tones  with  respect  to  that  of  a  single  pilot-tone. 

Figure  6  gives  a  comparison  of  the  theoretical  and  measured 
results.  The  measured  results  were  produced  over  a  simulated 
HF  channel,  using  a  DSP  based  HF  simulator.  The  simulator 
can  represent  3  independently  fading  skywave  paths  and  one 
ground  wave  path,  with  up  to  25  ms  path  delay  on  each 
skywave  path.  Additionally,  the  fade  rate  and  path  loss 


5.1.  Concluding  Remarks 

It  is  again  clear  that  correlation  between  the  theoretical 
values  and  the  measured  values  is  stronger  at  smaller  window 
sizes  (07;,).  As  this  value  increases,  it  is  noted  that  the 
correlation  becomes  more  tenuous.  The  reason  for  this  is  the 
same  as  in  the  similar  results  for  a  steady  signal  environment, 
i.e.  with  a  large  valid  window  size  the  recorded  error  rate  for 
the  high  noise  content  signal  is  much  lower.  The  software 
implementation  is  not  discriminating  enough  at  such  wide 
window  values  to  determine  exactly  where  subsequent  valid 
zero-crossings  should  occur;  hence,  invalid  crossings  are 
considered  as  valid.  Again,  in  conclusion  it  is  clear  from  the 
graph  that  small  window  sizes  result  in  far  better  correlation 
with  theory,  and  so  should  be  used  in  applications.  This 
problem  is  inherent  within  the  design  and  cannot  readily  be 
compensated. 


6.  APPLICATION  OF  ZERO-CROSSING  RTCE 
WITHIN  A  FREQUENCY  MANAGEMENT  SYSTEM 

With  the  technique  described  above,  RTCE  from  predicted 
zero-crossing  analysis  has  the  ability  to  produce  an  SNR 
estimate  on  a  given  propagation  path.  This  can  be  used  in 
parallel  with  other  frequency  management  techniques  such  as 
propagation  prediction  programs  to  enhance  the  predicted 
SNR  estimate.  RTCE  from  predicted  zero-crossing  analysis 
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has  been  studied  extensively,  and  it  is  clear  that  a  measure  of 
the  probability  of  zero-crossing  error  can  infer  channel 
quality  and  provide  an  SNR  estimate  for  a  given  modulation 
scheme.  Within  a  communications  network,  modem  traffic 
can  be  used  to  yield  such  estimates,  and  to  build  an  image  of 
the  SNR  conditions  within  the  bounds  of  the  network.  This 
can  all  be  done  in  a  non-parametric  fashion  with  no 
demodulation  required,  thus  allowing  the  frequency 
management  algorithm  to  determine  if  communication  is 
possible  with  the  prevailing  SNR  conditions,  and,  if  not  to 
modify  operation  accordingly. 

In  addition  to  the  specified  network  modem  traffic,  effective 
passive  assessment  of  RTTY  and  FAX  stations  is  possible 
using  non-parametric  differential  phase  comparisons.  With  a 
known  modulation  type,  RTCE  from  predicted  zero-crossing 
analysis  can  be  undertaken  to  provide  a  more  comprehensive 
SNR  estimate  in  the  area  of  interest. 

6.1.  Relationship  between  FSK  phase  analysis  and 
data  channel  performance 

In  order  to  relate  results  shown  above  to  channel  performance 
metrics  such  as  BER  (Bit  Error  Rate)  measurements, 
knowledge  of  the  correspondence  between  probability  of 
phase  error  and  SNR  is  insufficient.  What  is  required  is  a 
relationship  between  the  phase  error  analysis  and  the  error 
rate  of  the  modulation  scheme  being  used.  This  can  be  done 
for  both  fading  and  non-fading  channel  environments.  Figure 
7,  below,  suggests  a  method  to  relate  the  two  entities  with  a 
conversion  included.  The  relationship  between  SNR  and 
(signal  energy  per  element  to  noise  per  unit  bandwidth 
ratio)  is  given  in  a  form  by  expression  (13)  [9]. 

(dB)  =  y^idB)  +  mog^  (13) 

/  °  Jd 

where  ENB  is  the  Equivalent  Noise  Bandwidth  of  the 
digital  RTCE  filter  and  is  the  data  transmission  rate  per 
second. 


Considering  Figure  7,  analytically  the  following  can  be 
deduced: 

SNR  =  c(P^)  (14) 

where  c(  )  is  a  function  described  by  the  left-hand  error 
rate  curve  in  Figure  7,  and  is  the  probability  of  zero¬ 
crossing  error.  Hence 

Pe=e{d[c{PA)  (15) 

where  P^  is  the  estimated  value  of  the  probability  of  bit 
error  (BER),  d()  is  a  function  described  by  the  right  hand 
error  rate  curve  in  Figure  7  and  e{  )  represents  a  conversion 
from  SNR  to  ■  c(  )  and  d{  )  ean  be  represented  by 
look-up-tables  in  a  computer  system. 

The  concept  indicated  in  Figure  7  enables  zero-crossing 
analysis  to  produce  a  BER  estimate  range  for  known  traffic 
within  the  bounds  of  good  and  poor  fading  channels.  This 
BER  information  can  then  be  used  as  frequency  management 
information  to  enhance  the  circuit  performance. 

7.  CONCLUSIONS 

This  paper  demonstrates  that  RTCE  from  predicted  zero¬ 
crossing  analysis  can  be  performed  without  the  need  for  an 
inserted  pilot-tone  co-located  with  the  information-bearing 
modem  tones.  The  advantages  of  this  are  numerous:  a 
reduction  in  system  complexity  and  reduced  power 
consumption  within  the  transmitting  system.  Applications 
using  the  zero-crossing  analysis  RTCE  technique  would  be 
best  served  by  using  a  narrow  window  size  (Or/, ),  especially 
at  low  SNR  values.  RTCE  from  predicted  zero-crossing 
analysis  is  an  important  non-parametric  channel  quality  and 
evaluation  technique,  since  it  is  possible  to  infer  system 
performance  without  demodulation,  synchronisation,  error 
control  or  decryption. 
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Figure  7  The  generation  of  FSK  probability  of  error  values  from  the  probability  of  zero-crossing  error 


The  use  of  optimisation  techniques  to  increase  the  speed  of 
channel  evaluations  is  over  50%  faster  than  the  previous  DSP 
implementation.  The  assumption  made  here,  with  an 
implementation  with  a  decreased  observation  time,  is  that  the 
time  to  perform  a  channel  evaluation  is  not  significantly  less 
than  a  fading  interval.  When  considering  HF  system  fading 
the  principle  periods  of  interest  are  from  less  than  one  to  ten 
seconds.  This  deals  with  ionospheric  motion,  concerned  with 
small-scale  inhomogeneities  associated  with  micromultipath 
and  multihop/multilayer  multipath  [10].  Nulls  due  to  such 
fading  effects  may  effect  channel  evaluation.  However,  it  is 
not  believed  fading  of  this  nature  would  adversely  limit 
system  performance,  as  fading  periods  and  the  observation 
times  for  channel  evaluations  are  comparable. 

This  research  can  be  extended  using  in-band  and  out-of-band 
digital  filters  for  constant  envelope  signalling  methods  e.g. 
MFSK.  It  is  believed  that  this  research  has  merits  for  a  broad 
range  of  radio  systems  and  forms  an  important  element  in  the 
spectrum  management  process. 

8.  REFERENCES 

[1]  Betts,  J.A.,  et  al,  “C.W.  sounding  and  its  use  for  control 
of  HF  (3-30  MHz)  adaptive  systems  for  data  transmission”, 
Proc.  lEE,  Vol.  1 17,  1970,  pp  2209-2215. 

[2]  Betts,  J.A.,  Darnell,  M.,  “Real-time  HF  channel 
estimation  by  phase  measurement  on  a  low-level  pilot-tones”, 
AGARD  CP  173,  ‘Radio  systems  and  the  Ionosphere’,  Paper 
18,  Athens,  1975. 

/ 

[3]  GraysopfM.,  “Real-time  channel  evaluation  derived  from 
predicteiTzero-crossing”,  Proc.  of  3rd  Bangor  Symposium  on 
Comnmnications,  May  1991,  pp  186-189. 


[4]  David,  F.,  Franco,  A.G.,  Sherman,  H.,  and  Shucavage, 
L.B.,  “Correlation  measurements  on  an  H.F.  transmission 
link”,  IEEE  trans.,  1969,  COM-17,  pp.  245-256. 

[5]  Stremler,  F.  G.,  “Introduction  to  Communication 
Systems”,  Third  Edition,  Addison  Wesley  1990  (ISBN  0-201- 
51651-9),  Chapter  4,  pp  163-218. 

[6]  Grayson,  M.,  “Improving  Synchronisation  Techniques  for 
Time-Varying  Dispersive  Radio  Channels”,  Chapter  4,  Thesis 
Ph.D.,  University  of  Hull,  UK.,  October  1993. 

[7]  Hickman,  I.,  “Newnes  Practical  RF  Handbook”,  Newnes 
1993  (ISBN  0-7506-0871-4),  Chapter  10,  pp  160-176. 

[8]  Watterson,  C.  C.,  Juroshek,  J.  R.,  and  Bensema,  W.  D., 
“Experimental  Confirmation  of  an  HF  Channel  Model”  IEEE 
trans.  Commun.  Technol.,  vol.  COM-18,  pp.  792-803,  Dec. 
1970. 

[9]  Maslin,  N.,  “HF  Communications:  A  system  Approach”, 
Pitman  1987  (ISBN  0-273-02675-5),  Chapter  9,  pp  169-209. 

[10]  Goodman,  J.  M.,  “HF  Communications:  Science  and 
Technology”,  Van  Nostrand  Reinhold  1991  (ISBN  0-442- 
00145-2),  Chapter  4,  pp  268-269. 


9.  ACKNOWLEDGMENTS 

This  work  is  jointly  supported  by  the  UK  Engineering  and 
Physical  Sciences  Research  Council  (EPSRC)  and  EDS 
Defence  Ltd,  UK. 


20-8 


DISCUSSION 

Discusser’s  name:  F.  Davarian 


Question/Comment: 

The  theoretical  treatment  of  the  method  is  based  on  Gaussian  noise  interference,  but  the 
proposed  use  of  the  system  for  frequency  management  would  imply  an  environment  with 
interfering  transmissions.  Could  you  comment  on  this? 


Author/Presenter’s  reply: 

Narrow  band  transmissions  could  certainly  be  a  problem  with  the  pilot-tone  scheme,  since  the 
transmission  bandwidth  is  much  wider  than  that  of  the  pilot-tone.  However,  the  pilot-tone 
analysis  was  an  initial  investigation  into  the  zero-crossing  method.  The  problem  is  much  less 
severe  for  the  FSK  tones,  since  the  analysis  is  performed  for  the  whole  bandwidth  of  the  FSK 
transmissions.  It  must  be  admitted  that  the  error  analysis  method  would  not  be  strictly  applicable 
in  the  case  of  in-band  interferers  rather  than  Gaussian  noise,  but  the  error  analysis  would  still 
show  a  high  error  rate  and  thus  indicate  an  unsuitable  transmission  frequency. 
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Germany 

Andre  Kotlowski 

Daimler-Benz  Aerospace  AG,  Sensor  Systems 
WorthstraBe  85,  D-89077  Ulm 
Germany 


1.  Abstract 

For  military  short  wave  communication  systems  two 
waveforms  have  been  standardized  —  STANAG  4285  and 
MIL-STD-188-110A.  For  these  waveforms  modems  are 
available  on  the  market. 

In  this  paper  design  rules  that  have  led  to  these  waveforms  are 
recalled  briefly  and  compared  with  modem  signal  design 
techniques. 

Knowing  the  shortcomings  of  standardized  waveforms,  the 
incorporated  redundancy  has  been  intensively  used  for 
advanced  modem  design.  These  new  technologies  have  proved 
great  performance  enhancements  in  Daimler-Benz  Aerospace 
new  HF  modem  Echotel  ETM1810/M  for  STANAG  4285  and 
MIL-STD-188-1  lOA  waveforms.  Improvements  have  been 
achieved  mainly  in  tolerance  to  Doppler  and  Delay  Spread. 

Results  are  presented  in  this  paper 

2.  Standardized  Waveforms 

For  digital  short  wave  communication  systems  with  high  data 
rates  the  modulation  has  been  chosen  to  be  single  carrier 
modulation  based  on  phase  shift  keying.  This  choice  is  a  good 
one  (ref.  5)  because  of  spectral  efficiency  (1...3  bit/Hz),  power 
efficiency  (relatively  small  crest  factor)  and  complexity.  The 
length  of  the  channel  impulse  response  is  about  12  symbols, 
given  a  maximum  delay  spread  of  5  ms  and  a  symbol  rate  of 
2400  symbols/s.  Therefore  the  complexity  is  moderate  and  can 
be  handled  by  standard  signal  processors. 

The  standardized  waveforms  that  we  will  discuss  have  a 
common  structure.  Transmission  begins  with  a  preamble 
followed  by  a  sequence  of  frames.  Each  frame  consists  of 
known  sequences  (probes)  and  unknown  sequences  (data)  as 
shown  in  Fig.  1. 


probe).  But  every  fourth  probe  has  a  length  of  80  symbols 
(long  probe)  and  is  identical  with  the  preamble. 

In  MIL-STD-188-110A  (abbr.  MILSTD,  ref.  3)  the  preamble 
has  a  length  of  1440  symbols  (short  preamble)  or  11520 
symbols  (long  preamble)  and  probe  sequences  and  data 
sequences  have  a  length  of  20  or  with  high  data  rate  (2400, 
4800  bps)  probe  sequences  have  a  length  of  16  and  data 
sequences  have  a  length  of  32  symbols. 

Although  both  waveforms  offer  the  same  usable  bit  rates  from 
75  bps  (coded)  up  to  3600  bps  (STANAG  uncoded)  or  4800 
bps  (MILSTD  uncoded)  the  fields  of  applications  of  these 
waveforms  are  quite  different. 

The  STANAG  is  designed  for  robust  transmissions  having  a 
short  start  up  phase.  During  long  data  transmissions  reentering 
is  pwssible  because  the  short  preamble  is  periodically  repeated 
(as  every  4th  probe).  In  addition  frequency  hopping  is 
possible.  The  MILSTD  is  suitable  only  for  long  data 
transmissions,  otherwise  the  very  long  preamble  (compared 
with  the  STANAG  preamble)  reduces  dramatically  the  usable 
data  rate. 

3.  Channel  Model 

The  short  wave  communication  channel  has  a  bandwidth  of 
3  kHz.  It  is  a  chaimel  with  time  variant  frequency  selective 
fading.  It  can  be  modelled  with  the  wide  sense  stationary 
uncorrelated  scattering  charmel  model  (WSSUS,  ref.  2). 
Channel  simulators  for  short  wave  are  normally  of  the  tapped 
delay  line  type.  Discrete  signal  pathes  are  modelled  each 
having  an  individual  delay  spread  and  Doppler  spread.  A 
single  path  causes  Rayleigh  fading.  For  the  results  presented 
here  we  rely  on  four  channel  models: 

•  AWGN  -  channel:  bit  error  rate  (BER)  for  a  single  non- 
fading  path  versus  gaussian  noise.  (STANAG  Test  1) 


Probe 

I 


Preamble 


Data 


Data 


Data 


Fig.  1  frame  structure 

The  length  of  the  preamble,  the  length  of  the  data  sequences 
and  the  length  of  the  probe  sequences  are  specified  in  the 
standards. 

In  STANAG  4285  (abbr.  STANAG,  ref.  4)  the  preamble  has  a 
length  of  80  symbols,  the  data  sequences  have  a  length  of  32 
and  the  probe  sequences  normally  have  a  length  of  16  (short 


•  CCIR  moderate:  BER  for  a  two  path  equal  power 
Rayleigh  fading  channel  versus  gaussian  noise.  (Doppler 
spread  0.5  Hz,  delay  spread  1  ms,  STANAG  Test  4) 

•  Delay  Channel:  BER  for  a  noiseless  two  path  Rayleigh 
channel  versus  delay  spread,  (two  sided  Doppler  spread 
0.5  Hz,  STANAG  Test  7) 

•  Doppler  Channel:  BER  for  a  noiseless  two  path  equal 
power  Rayleigh  channel  versus  Doppler  spread,  (delay 
spread  1  ms,  STANAG  Test  6) 

These  channel  models  are  described  in  the  STANAG 

description.  Appendix  B,  test  configurations  (ref.  4). 


Paper  presented  at  the  AGARD  SPP  Symposium  on  “Digital  Communications  Systems:  Propagation  Effects, 
Technical  Solutions,  Systems  Design”,  held  in  Athens,  Greece,  18-21  September  1995  and  published  in  CP-574. 
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For  this  paper  the  STANAG  Mode  is  tested  without  coding 
and  without  interleaving.  The  MILSTD  Mode  is  tested  with 
coding  as  described  in  the  standards  and  short  interleaving 
( 0.6  s). 

4.  Classic  Design  Rules 

In  the  past  the  waveforms  were  designed  to  make 
demodulation  easy.  The  first  task  is  preamble  detection.  To 
allow  preamble  detection  in  low  noise  enviromnent  the 
preamble  should  be  as  long  as  possible.  Different  steps  in 
preamble  detection  were  recognized:  detect  the  signal, 
estimate  the  doppler  offset,  correct  the  doppler  offset,  do  time 
synchronisation,  do  exact  bit  synchronisation,  set  up  symbol 
rate  sampler.  With  low  memory  and  low  signal  processing 
capabilities  these  tasks  could  not  be  overlapped  and  therefore 
different  segments  in  the  preamble  had  to  be  used.  This  led  to 
the  very  long  preamble  in  MILSTD. 

In  STANAG  it  was  recognized  that  a  long  preamble  could 
degrade  performance  because  the  channel  possibly  had 
changed  during  preamble  transmission.  A  shorter  preamble 
was  standardized  just  long  enough  to  do  one  single  task  of  the 
preamble  detection,  but  now  the  signal  was  assumed  to  be 
stored  in  memory  and  all  tasks  could  be  done  by  simply 
reusing  the  stored  signal. 

After  preamble  detection  the  main  difficulty  was  to  cope  with 
the  time  variant  channel  and  with  multipath  spread.  It  was 
seen  that  the  signal  should  be  broken  into  independant  signal 
elements  (frames).  This  could  be  done  by  inserting  probes 
having  a  length  of  the  expected  maximum  length  of  the 
chaimel  Impulse  response  (CIR).  The  symbol  rate  was  chosen 
to  2400  symbols/s  to  make  a  signal  of  3  kHz  bandwidth  with  a 
moderate  roll  off  factor  (0.25).  Other  systems  at  that  time  used 
e.g.  1800  symbols/s  in  a  2.7  kHz  bandwidth  making  it  even 
more  harmless  to  do  the  spectral  shaping.  With  a  symbol  rate 
of  2400  symbols/s  the  CIR  had  a  length  of  12  symbols  and  it 
seemed  enough  to  insert  probes  of  length  16  giving  the 
modulation  pulse  a  chance  to  decay  properly. 

Without  adaptation  the  channel  should  not  vary  very  much 
from  probe  to  probe.  Therefore  the  data  sequences  were 
chosen  to  have  a  length  of  32  symbols.  The  hope  was  to 
restrict  the  length  of  an  error  burst.  On  the  other  hand  with 
data  directed  equalisation  the  receiver  complexity  grew 
exponentially  with  the  length  of  the  data  sequences  and  error 
propagation  was  more  likely. 

STANAG  allows  frequency  hopping.  If  a  frequency  hop 
occurs  the  HF  transmitter  and  the  HF  receiver  have  to  switch 
the  center  frequency  and  a  hop  time  is  specified.  It  lies  within 
the  long  probe,  reducing  the  effective  length  of  the  long  probe. 
A  theoretical  maximum  hop  rate  of  9.375  hops/s  can  be 
handled  because  there  are  9.375  long  probes/s.. 

5.  Modern  Design  Rules 

The  first  task  of  the  demodulation  process  is  the  preamble 
detection.  Normally  this  is  done  with  correlation  techniques 
and  requires  a  minimum  total  length  of  the  preamble  to 
achieve  a  given  false  alarm  rate  and  rate  of  missing  detection. 
But  the  channel  varies  and  therefore  the  preamble  must  be 
segmented.  The  minimum  segment  length  is  of  about  twice 
the  maximum  length  of  the  CIR.  Better  are  three  times  the 
length  of  the  CIR. 

LEN(PREAMBLE_SEGMENT)  >  2  LEN(CIR)  ( 1) 


The  preamble  segments  should  not  be  much  longer  otherwise 
the  correlation  peak  can  decrease  because  of  the  frequency 
offset  between  transmitter  and  receiver  center  frequencies. 

If  the  preamble  length  is  too  short  for  a  given  false  alarm  rate 
and  rate  of  missing  detection  more  than  one  preamble  segment 
must  be  used.  It  is  not  necessary  to  have  the  preamble 
segments  directly  concatenated.  It  is  possible  to  use  preamble 
segments  that  are  separated  by  data  symbols.  For  example  the 
STANAG  4.th  probes  form  an  appropiate  set  of  preamble 
segments. 

After  preamble  detection  the  demodulation  process  starts  and 
it  is  known  that  an  optimum  demodulation  process  needs  the 
knowledge  of  the  CIR.  This  knowledge  can  be  implicit  (as  in 
data  directed  equalisation)  or  explicit.  A  modem 
demodulation  process  uses  explicit  channel  evaluation.  When 
the  CIR  is  known  the  equaliser  type  can  be  selected  according 
to  the  measured  properties  of  the  channel. 

It  is  evident  that  enough  redundancy  is  built  into  the 
waveform  to  allow  a  near  optimum  channel  estimation, 
although  it  is  not  strictly  necessary.  If  the  bit  error  rate  on 
uncoded  transmission  is  low  enough  it  is  possible  to  use  the 
data  symbols  received  in  the  past  to  do  the  chaimel  evaluation. 
But  this  process  can  cause  catastrophic  error  propagation. 

A  data  independent  demodulation  process  is  possible  if  the 
probes  have  a  minimum  length  of  twice  the  length  of  the  CIR: 

LEN(PROBE)  >  2  LEN(CIR)  (  2) 

The  requirements  (1)  and  (2)  indicate  that  preamble  and 
probes  can  be  identical  as  it  is  for  STANAG  with  every  4.th 
probe. 

The  requirement  (2)  is  not  fulfilled  with  STANAG  and 
MILSTD  and  the  short  probes  having  length  16  respectively 
20  symbols.  These  probes  have  not  enough  information  to  do  a 
full  data  independent  channel  estimation.  Theoretically  only 
channels  with  a  delay  spread  To  <  3  ms  can  be  handled 
independent  from  data.  But  in  practice  the  restriction  is  on 
chaimels  with  delay  spread  To  <  2  ms  because  otherwise  the 
requirements  for  time  synchronisation  would  become  very 
hard  and  the  sidelobes  from  the  modulation  pulse  would  be 
suppressed. 

Generally  the  channel  is  not  time  invariant.  Therefore  chaimel 
evaluation  and  adaptation  is  an  ongoing  process  during  the 
whole  data  transmission.  But  the  sjieed  of  channel  variations 
is  restricted.  The  channel  models  (that  are  verified  by  channel 
measurements)  assume  a  Gaussian  type  of  noise  filter  to 
produce  the  Rayleigh  fading  behaviour.  These  filters  have  an 
overall  two  sided  bandwidth  (3cj  range)  of  about 

Fdjc  =  3  (2  o)  (3) 

where  Fd  =  (2  a)  is  the  two  sided  Doppler  bandwidth  given  in 
the  description  of  the  channel  models.  From  Shannon’s 
sampling  theorem  it  follows  that  only  Fd_3o  samples  of  the 
CIR  per  second  are  necessary.  This  gives  the  required  number 
of  probes  per  second: 

Number(PROBEs)/second  >  Fd_3o  (  4) 

Therefore  for  a  maximum  Doppler  spread  of  2  O  =  4  Hz  about 
12  probes/s  are  needed. 

STANAG  has  a  probe  rate  of  37.5  probes/s  (short  probes), 
MILSTD  has  a  probe  rate  of  50  (high  datarate)  or  60  probcs/s. 
From  a  theoretical  point  of  view  these  probes  are  too  often  and 
too  short.  It  would  have  been  a  better  design  to  use  longer 
probes  more  seldom. 


21-3 


STANAG  has  9.375  long  probes  per  second,  allowing  a 
Doppler  spread  of  ca  2  CT  =3  Hz  without  using  the  short 
probes. 

6.  Channel  Evaluation 

As  stated  above  the  most  important  property  of  a  modem  is 
the  ability  to  evaluate  and  adapt  the  channel  impulse  response 
with  high  accuracy  to  achieve  high  quality.  In  principle  only 
such  probes  are  useful  for  ehannel  evaluation  that  do  not  have 
spectral  nulls  or  deep  fades  in  their  Fourier  spectrums.  If  there 
are  sjjectral  nulls  the  spectrum  is  invertible  and  these  parts  of 
the  CIR  cannot  be  evaluated.  Noise  enhancement  occurs  if 
there  are  deep  fades  in  the  spectrum.  Best  performance  for  a 
given  length  of  the  CIR  (measured  in  efficiency)  requires  a 
flat  Fourier  spectrum.  This  can  be  achieved  if  the  probe  is  a 
CAZAC  sequence  (Constant  Amplitude  Zero  Auto 
Correlation).  CAZAC  sequences  of  length  L  have  normally 
symbols  from  the  L-PSK  symbol  alphabet.  Binary  sequences 
(symbols  from  the  2-PSK  symbol  alphabet)  with  nearly  as 
good  properties  as  the  CAZAC  sequences  are  the  PN 
sequences  (Pseudo  Noise)  that  have  a  flat  spectrum  with 
exception  of  the  frequency  line  at  f=0  Hz  that  has  half  the 
magnitude  of  the  rest.  If  PN  or  CAZAC  sequences  are 
periodically  repeated  for  at  least  one  length  of  the  CIR  a 
simple  correlation  algorithm  exists  to  evaluate  the  coefficients 
of  the  CIR. 

In  STANAG  the  long  probes  (and  the  preamble)  consist  of  a 
periodically  repeated  PN-sequence  of  length  31.  Therefore  the 
CIR  can  be  estimated  with  high  accuracy.  It  proves  to  be  a 
good  choice  for  a  probe  sequence.  With  this  sequence  the  CIR 
can  be  evaluated  up  to  a  length  of  12.5  ms.  If  frequency 
hopping  is  used  the  effective  length  of  the  long  probe  is 
reduced.  However,  with  a  rest  of  45  symbols  there  is  enough 
information  in  the  probe  to  do  a  data  independant  channel 
evaluation  avoiding  error  propagation  caused  by  wrong 
decisions. 

The  short  probes  in  STANAG  and  in  MILSTD  only  allow  an 
data  independant  channel  evaluation  up  to  a  length  of  the  CIR 
of  3  ms.  But  the  reduction  in  correlation  length  (by  a  factor  of 
2)  gives  a  3  dB  loss  in  accuracy  (error  variance).  Furthermore 
these  short  probes  are  not  optimum.  Partly  they  have  deep 
fades  (factor  10)  giving  an  additional  loss  of  10  dB.  In 
summary  high  noise  enhancement  occurs  if  these  bad 
conditioned  short  probes  are  used  for  channel  evaluation. 
MILSTD  and  STANAG  do  not  have  optimized  short  probes. 
Additionally  the  short  probes  vary  from  probe  to  probe.  In 
STANAG  there  are  3  different  short  probes  and  a  long  probe, 
in  MILSTD  there  are  4  or  10  different  probes.  This  makes  the 
demodulation  process  difficult  without  having  a  remarkable 
gain.  The  only  effect  of  using  different  probes  is  a  slightly 
better  spectrum  because  the  signal  has  weaker  periodicies.  But 
this  better  spectrum  could  have  been  achieved  in  the  same  way 
by  choosing  probes  with  good  correlation  piopterties. 

7.  New  Technologies 

Knowing  the  shortcomings  of  standardized  waveforms,  the 
incorporated  redundancy  has  to  be  intensively  used  for 
advanced  modem  design.  Some  of  the  ideas  are  summarized 
below: 

•  Preamble  Detection:  Use  of  more  than  one  long  probe  for 
preamble  detection  in  STANAG. 

•  Channel  Evaluation:  In  STANAG  use  the  long  probes  for 
accurate  channel  estimations.  Use  the  short  probes  for 


channels  with  short  delay  spread.  In  MILSTD  avoid  (do 
not  use)  bad  conditioned  short  probes. 

•  Channel  Adaptation:  Average  channel  estimates  from 
short  probes  give  a  better  correlation  gain  and  suppress 
noise.  Interpolate  the  CIR  estimates  to  avoid  adaptation 
lag  error. 

•  Equaliser:  With  a  good  CIR  estimate  all  types  of 
equaliser  can  easily  be  used.  One  good  compromise  to 
complexity  is  the  decision  feedback  equaliser  together 
with  a  channel  matched  filter.  The  equaliser  coefficients 
are  directly  calculated  from  the  CIR. 

•  Data  Independance:  Channel  evaluation  and  therefore  the 
adjustment  of  the  equaliser  coefficients  are  made 
independant  on  data  symbol  decisions  for  channels  with 
small  delay  spread. 

•  Doppler  Tracking:  Based  on  CIR  estimate. 

•  Sync  Tracking:  Based  on  CIR  estimate. 

•  Modem  Design:  Demodulation  algorithms  are  designed 
and  tested  via  computer  simulations. 

A  modem  modem  design  is  completely  based  on  the  CIR 
estimate.  Therefore  the  CIR  estimate  should  be  as  accurate  as 
possible,  having  low  noise  and  being  valid  at  every  time 
instant.  Normally  this  requires  adaptive  channel  evaluation. 
Setting  up  the  equalizer’s  coefficients,  tracking  of  frequency 
shifts  and  tracking  of  sampling  rate  can  be  done  by  adequately 
checking  the  CIR. 

Once  the  CIR  is  known  the  choice  of  the  type  of  the  equalizer 
becomes  secondary.  Primarily  the  degree  of  intersymbol 
interference  (ISI)  has  to  be  known  that  can  be  handled  by  a 
given  type  of  equalizer.  The  length  of  an  equaliser,  i.e  the 
maximum  length  of  the  CIR  that  can  be  handled,  is 
responsible  for  the  performance  on  the  delay  channel  and  it  is 
the  key  factor  for  the  complexity  of  the  equaliser.  A  decision 
feedback  equalizer  nearly  always  is  a  good  compromise  of 
performance  versus  complexity. 

8.  Results 

Basic  tests  for  a  communication  system  are  bit  error  rates 
(BER)  on  the  Additive  White  Gaussian  Noise  channel 
(AWGN)  as  shown  in  Fig.  2. 


Fig.  2  SNR  test,  AWGN  channel 

These  curves  can  be  compared  directly  with  the  theoretically 
well  known  error  curves  for  M-PSK  transmission  (ref.  1). 
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The  tolerance  to  delay  spread  of  the  channel  is  tested  by  using 
the  Delay  Channel  from  chap.  3,  i.e.  a  two  path  Rayleigh 
channel  with  increasing  delay.  The  BER  for  the  ETM1810/M 
modem  was  measured  over  a  time  of  56  min  at  600  bps,  28 
min  at  1200  bps  and  14  min  at  2400  bps.  The  results  are 
shown  in  Fig.  3  and  Fig.  4 


The  design  goal  for  the  ETM1810/M  modem  was  a  maximum 
delay  of  5  ms.  It  can  be  seen  from  the  performance  results  that 
this  design  goal  has  been  achieved  very  good  for  STANAG  up 
to  a  data  rate  of  2400  bps  with  uncoded  transmission.  The 
uncoded  8-PSK  transmission  in  STANAG  provides  with  a 

BER  <  10  ^  up  to  a  delay  spread  of  3.5  ms.  For  a  5  ms  delay 
.2 

spread  the  BER  is  about  10  . 


ETM1810/M 

2-path  Rayleigh,  Doppler  0.5  Hz 
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Fig.  4  Delay  test,  2-path  Rayleigh  charmel,  MILSTD 

The  MILSTD  uses  coded  transmission  (rate  1/2  for  600  and 
1200  bps  and  rate  2/3  for  2400  bps).  The  measured  BER  on 
the  Delay  channel  is  nearly  zero  within  the  delay  range.  Only 
for  2400  bps  some  errors  occur  at  a  delay  spread  of  4.25  ms 
and  4.5  ms.  For  MILSTD  the  design  goal  is  nearly  perfectly 
matched. 

The  8-PSK  transmission  is  less  robust.  The  reason  why 
STANAG  and  MILSTD  do  not  show  that  good  performance 
with  8-PSK  are  the  waveforms  themselves.  The  8-PSK 
symbols  have  a  shorter  euklidean  distance  compared  to  2-  or 
4-PSK.  Therefore  the  channel  impulse  response  estimate  has 
to  be  better.  However,  the  probes  in  the  MILSTD  2400  bps 
mode  are  shorter  (16  symbols)  compared  to  the  other  modes 
(20  symbols)  therefore  the  CIR  estimate  becomes  worse.  The 


short  probes  can  only  be  used  effectively  if  they  are 
lenghtened  by  the  surrounding  data  symbols.  This  introduces 
data  dependance  in  the  CIR  estimate.  In  8-PSK  mode  the  data 
decisions  are  more  uncertain  and  errors  degrade  the  CIR 
estimate.  In  STANAG  sometimes  the  short  probes  are  used  for 
channel  estimation  in  situations  when  the  channel  varies  very 
quick  and  the  same  effect  occurs  as  in  MILSTD.. 


The  tolerance  to  Doppler  spread  is  tested  using  the  Doppler 
channel  from  chap.  3.  The  measured  BER  is  shown  in  Fig.  5. 


Fig.  5  Doppler  test,  2-path  Rayleigh  channel 

Fig.  5  contains  performance  results  for  the  Doppler  channel. 
In  uncoded  ST/^AG  mode  Doppler  spreads  up  to  5  Hz  with 
1200  bps,  4.5  Hz  with  2400  bps  and  3  Hz  with  3600  bps  at  a 
BER  level  of  BER  <  10'^  can  be  handled.  This  is  about  twice 
the  Doppler  spread  that  can  be  handled  by  conventional 
methods. 

Coded  transmissions  have  even  higher  tolerance  to  Doppler 
spread  as  shown  with  the  MILSTD.  The  2400  bps 
transmission  with  MILSTD  can  handle  Doppler  spreads  up  to 
6.5  Hz  at  a  BER  level  of  BER  <  10'^.  At  this  rate  8-PSK 
modulation  is  used  together  with  a  rate  2/3  coding.  With  2- 
PSK  or  4-PSK  modulation  and  rate  1/2  coding  the  usable 
bitrate  is  600  bps  or  1200  bps.  The  tolerance  to  Doppler 
spread  is  much  better  than  for  8-PSK.  Now  the  MILSTD 
implemented  in  the  Daimler-Benz  Aerospace’s  ETM1810/M 
HF  modem  yields  no  errors  during  the  measuring  time  (56 
min  at  600  bps)  up  to  a  Doppler  spread  of  10  Hz  as  shown  in 
Fig.  5.  Extended  range  measurements  (not  included  in  Fig.  5) 
have  shown  an  errorfree  behaviour  up  to  13  Hz  Doppler 
spread  for  MILSTD  600  bps  and  MILSTD  1200  bps.  For  16 
Hz  Doppler  spread  the  measured  BER  was  less  than  10  . 

In  chapter  5.  it  was  stated  that  the  tolerable  Doppler  spread 
depends  on  the  number  of  probes  per  second.  In  MILSTD  600 
bps  and  1200  bps  are  60  probes  per  second  and  from  (4)  the 
theoretical  maximum  tolerable  Doppler  spread  is  about  20  Hz. 
With  the  16  Hz  tolerance  to  Doppler  spread  (at  a  10’  BER) 
the  ETM1810/M  modem  is  nearly  optimum. 

An  additional  effect  influences  the  performace  channels  with 
high  Dopper  spread.  The  convolutional  coding  used  in 
MILSTD  is  optimized  for  uniformly  distributed  errors. 
Normally  on  channels  with  flat  fading  characteristics  -  and 
the  two  path  Rayleigh  fading  chaimels  belongs  to  this  category 
-  the  errors  occur  in  bursts.  An  interleaver  is  used  to  spread 
the  error  bursts  over  time,  however,  it  requires  an  interleaver 
length  that  is  long  compared  to  the  mean  time  between  error 


21-5 


bursts.  This  time  is  inverse  proportional  to  the  Doppler  spread. 
The  0.6  s  interleaver  used  in  the  MILSTD  short  interleaving  is 
long  enough  for  Doppler  spreads  above  5  Hz,  but  is  too  short 
for  Doppler  spreads  below  1  Hz.  On  Doppler  spread  above  5 
Hz  the  coding^nterleaver  combination  works  effectively  and 
•2  -6 

an  imcoded  BER  below  10'  is  reduced  below  10’  .  The 
STANAG  has  an  uncoded  BER<  10’^  for  Doppler  spread  <  6 
Hz  (2400  bps)  and  <9  Hz  (1200  bps)  as  can  be  seen  from 
Fig.  5.  Within  this  range  of  Doppler  spread  the  STANAG  used 
with  coding  performs  as  well  as  MILSTD. 

The  combination  of  tolarance  to  delay  spread  and  tolerance  to 
Doppler  spread  is  tested  using  the  CCIR  moderate  channel. 
For  a  fixed  delay  spread  of  1  ms  and  a  fixed  Doppler  spread  of 
0.5  Hz  the  BER  is  measured  versus  SNR.  The  results  for  the 
ETM1810/M  modem  are  shown  in  Fig.  6. 


the  short  probes  in  the  standardized  waveforms  cause  some 

error  bursts. 

The  performance  on  the  additive  white  Gaussian  noise  channel 

is  as  expected  from  theory. 
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Fig.  6  SNR  test,  two  path  Rayleigh 

Uncoded  transmission  with  STANAG  show  BER  curves  that 
drop  slowly  towards  zero.  The  curves  behave  like  in  a  flat 
fading  channel.  The  CCIR  moderate  channel  is  a  relatively 
slow  fading  channel,  error  bursts  (if  they  occur)  are  very  long 
and  in  summary  only  a  moderate  average  BER  can  be 
expected.  The  mean  time  between  errors  can  be  very  long. 
With  coded  transmission  (MILSTD)  the  BER  curves  drop 
faster. 

9.  Conclusion 

In  this  paper  the  design  rules  have  been  recalled  briefly  that 
have  led  to  the  standards  STANAG  4285  and  MILST-188- 
llOA.  The  focus  was  on  the  probes  that  are  inserted  in 
standardized  waveforms  to  allow  receiver  set  up. 

The  preamble  in  MILSTD  is  too  long  and  inefficient, 
preamble  detection  can  be  made  with  very  much  shorter 
preambles  as  demonstrated  by  STANAG. 

The  probes  in  MILSTD  and  the  short  probes  in  STANAG  are 
too  short  to  do  an  data  independant  demodulation  on  channels 
with  a  long  channel  impulse  response.  However,  for  channels 
with  a  short  CIR  these  probes  can  be  used  very  effectively  to 
build  a  modem  with  very  high  tolerance  to  Doppler  spread. 
This  was  proved  by  measurements  with  the  ETM1810/M 
modem. 

The  tolerance  to  delay  spread  mainly  depends  on  the  designed 
maximum  length  of  the  CIR  and  on  the  quality  of  an  channel 
evaluation  process.  The  ETM1810/M  modem  works  nearly 
errorfree  on  two  path  Rayleigh  channels  up  to  the  designed 
delay  spread.  Only  for  8-PSK  modulation  the  shortcomings  of 
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DISCUSSION 


Discusser’s  name:  D.  Yavuz 


Question/Comment: 

1 .  As  you  know  narrow-band  inteference  excision  is  not  an  interoperability  factor,  therefore  not  in 
standards.  However,  excision  is  a  very  important  performance  factor.  Since  the  preamble  is  used 
also  for  excision,  the  trade-offs  are  quite  complex.  Perhaps  you  would  like  to  comment? 


2.  Does  the  ETM  1810  modem  exist  as  a  product,  and  how  much  does  it  cost? 


Author/Presenter’s  Reply: 


1 .  1  agree.  Narrow-band  interference  excision  is  an  important  factor,  but  it  was  not  of  interest  in 
this  paper.  The  reason  is  that  the  preamble  can  be  used,  but  it  is  better  to  have  an  interference 
excision  algorithm  which  protects  the  preamble  instead  of  using  it.  The  ETM  1810/M  is  able  to 
suppress  up  to  4  interferers  and  it  doesn’t  matter  whether  it  is  continuous  wave  or  FSK 
interference. 

2.  The  modem  is  available.  However,  as  costs  cannot  be  discussed  here,  I  suggest  you  contact 
Daimler-Benz  Aerospace,  Ulm,  Germany. 
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DISCUSSION 


Discussor’s  name: 


C.  Goutelard 


Comment  and  Question: 

On  fait  souvent  des  estimations  avec  des  etalements  doppler  importants.  Un  canal  a  2  ou  3 
trajets  et  faible  etalement  se  rencontre  en  pratique  et  est  tres  penal isant  car  il  introduit  des 
paquets  d’erreurs  tres  longs.  Est-ce  parce  que  ce  cas  parait  trop  simpliste  qu’il  n’est  pas  souvent 
teste? 


Translation: 


Often  estimations  are  made  with  wide  doppler  spread.  A  2  or  3  path  channel  and  narrow  spread 
is  usually  encountered  and  this  is  a  considerable  handicap  as  it  introduces  very  long  error  bursts. 
Is  It  because  the  case  seems  too  simplistic  that  it  is  not  very  often  tested?) 

Author/presenter’s  reply: 

Slow  fading  channels  are  very  important  in  practice.  A  2  or  3  path  channel  model  is  realistic  and 
it  is  tested  with  channel  simulators. 

Coding  and  interleaving  are  used  to  cope  with  the  problem  of  error  bursts,  but  the  length  of  the 
interleaver  should  be  at  least  3  times  the  length  of  the  mean  time  between  error  bursts  to  be 
effective. 

On  very  slow  fading  channels  this  requirement  cannot  be  matched  and  then  with  the  aid  of  an 
ARQ  protocol  the  corrupted  messages  have  to  be  repeated. 
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AIDE  A  LA  DECISION  POUR  LA  RECHERCHE  DE  CANAUX  CLAIRS  DANS  LA  BANDE  DECAMETRIQUE 


J.  Wolf*,  Y.M.  Le  Roux 
LAB/PTI/GER 

France  Telecom  —  Centre  national  d’etudes  des  telecommunications 
2,  avenue  P.  Marzin,  22307  Lannion,  France 


Sommaire 

Le  Centre  National  d'Etudes  des  Telecommunications  (CNET) 
dispose  d'lm  analyseur  de  liaisons  qui  permet  de  mesurer,  d'une 
part,  les  parametres  principaux  de  propagation  du  canal 
ionosphcrique  et,  d'autre  part,  I'occupation  spectrale  de  ce  canal. 
On  propose,  dans  cet  article,  une  methode  permettant  de 
discriminer  et  de  quantifier  simplement  cette  occupation 
spectrale  afin  de  servir  de  base  a  des  etudes  ulterieures  sur  la 
recherche  de  canaux  clairs  dans  un  contexte  operationnel. 

Introduction 

Pour  etablir  une  communication  par  voie  ionospherique  dans 
des  conditions  satisfaisantes,  il  faut  tenir  compte  de  divers 
phenomenes  [1] : 

-  des  evanouissements  selectifs  en  temps  et  en  frequence 
(fading)  dus  aux  caracteristiques  de  propagation  du  canal 
ionospherique,  notamment  celles  liees  aux  reflexions  multiples 
sur  les  couches  E  et  F  de  I'ionosphere  et  a  leurs  evolutions  au 
cours  du  temps 

-  des  bruits  et  brouilleurs  divers  qui  sont  une  cause  de 
degradation  importante  des  communications. 

On  ne  s'interessera  qu'a  ces  demiers  dans  le  present  article. 

On  distingue  generalement  deux  classes  de  bruits  [2]: 

-  les  bruits  de  type  A  (ou  brouilleurs)  : 

Ce  sont  des  bruits  a  bande  etroite  (vis-a-vis  de  la  largeur  de 
bande  du  signal  utile),  generes  de  fafon  artificielle,  volontaire 
ou  involontaire  par  des  installations  industrielles  ou 
particulieres  (par  ex  ;  porteuses  de  transmission,  systemes 
d'allumage,  lignes  d'energie,..) 

-  les  bruits  du  type  B  : 

Ce  sont  a  I'oppose,  des  bruits  a  large  bande,  d'origine 
atmospherique  (decharges  orageuses..)  ou  galactique  (emission 
anisotrope  provenant  du  gaz  interstellaire  de  notre  galaxie, 
cometes,..).  Ces  bruits  etant  la  superposition  d'impulsions 
electromagnetiques,  leur  modelisation  par  du  bruit  blanc 
gaussien,  sur  chacune  des  composantes  en  phase  et  en 
quadrature,  peut  etre  consideree  acceptable  dans  de  nombreuses 
applications,  notamment  dans  le  cas  qui  nous  interesse. 

Pour  mesurer  I'encombrement  spectral  du  canal  ionospherique, 
I'analyseur  de  liaisons  du  CNET  [3]  explore  tout  ou  partie  de  la 
bande  HF  par  tranches  adjacentes  de  lOkHz.  De  ces  spectres 
partiels,  on  peut  deduire  le  spectre  total  dans  toute  la  bande  HF. 
La  grande  masse  de  doimees  a  trailer  que  cela  conceme  devient 
cependant  rapidement  une  contrainte  non  negligeable  pour  le 
calcul,  le  stockage  et  I'interpretation  des  resultats. 

L'objet  de  ce  document  est  de  presenter  une  procedure 
algorithmique  permettant: 

-de  separer  le  bruit  des  brouilleurs, 

-de  trouver  les  caracteristiques  du  bruit. 


-de  presenter  un  spectre  "simplifie"  permettant  une  economic  de 
stockage  et  une  lecture  plus  aisee. 

I-Rearrangement  non-d^croissant  d'une  fonction. 

I- 1  .Definition. 

Soit  une  fonction  f(x)  definie  en  tons  points  de  I'intervalle 
D=(a.b)  czR. 

Soit  un  ensemble  ,4  -  une  partie  de  D  -  et  mes(A)  sa  mesure.  Se 
referant  a  [4],  on  appelle  fonction-distribution  de  / : 

s  Ay)  =  niXx  s  D.f{x)  <  y})  y  €  [  Inf  f(x\  Sup  /(x)].  (1-1) 

xsD  xeD 

On  peut  noter  que  s/(y)  est  une  fonction  non-negative  et  non- 
decroissante. 

Exemple  I-l  : 


On  remarque  que,  lorsque /possede  un  plateau,  s  possede  une 
discontinuite  et  est  continue  a  droite.  On  considere  la  transposee 
de/:  (1-2) 

/  (x)  =  Sf>{y  6  [  Irf  /(«),  Stf)  /(«)]:  sf(y)  <  x}  x  €  [0,  rrlP)]. 
ueD  ueD 

F(x)=f'  (x-a)  est  appelee  rearrangement  non-decroissant  de 
f{rend(f)),  sur  I'intervalle  (a.b)  ou  echantillon  ordonne  ou 
encore  serie  variationnelle  [5]. 

La  figure  suivante  presente  le  rearrangement  correspondant  a 
I'exemple  I-l. 
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I-2.Proprietes : 

Si  s(y)  est  continue  et  strictement  croissante,/*(x^  est  la 
fonction  inverse  de  s(y). 

On  peut  montrer  que; 

f(x/ F(u/  du  Vp>0  (1-3) 

I-3.Cas  discret. 

Prenons  le  cas  oii  la  "fonction"  est  definie  par  la  suite  de  valeurs 
{yi ,  i=o,..,n}  a  des  "instants"  supposes  equidistants  pour 
faciliter  I'ecriture ;  x,  =xo+i*h,  avec  h=(b-a)/n  pas  de  mesure  et 
a=xo-h/2,  b=x„+h/2.  On  considere  alors  la  fonction  etagee: 

f(x)=yi  xE  (xrfi/2,Xi+h/2)  i=0,...,n  (1-4) 

Exemple  1-3;  Signal  discret  contenant  100  valeurs, 


i 

n 

et  son  rearrangement  non-decroissant : 


n 


II  -  Processus  al^atoire,  stationnaire. 

II-  1 -Bruit  blanc. 

On  considere  le  processus  aleatoire  stationnaire  defmi  par 
X(t,  co)  oil,  a  cheque  instant  t  E  [a,b],  la  variable  aleatoire  X,  est 
definie  sur  I'espace  de probabilite  (£2,  <B,P)  avec  D  ^  R. 

A  I'instant  t,  on  note  Pi(z,X)  =  P(z,X)  -  I'indice  t  etant  supprime 
puisque  le  processus  est  stationnaire  -  la  fonction  de  repartition 
de  la  variable  aleatoire  Xt.  Les  variables  aleatoires  Xt  sont 
supposees  stochastiquement  independantes  (bruit  blanc 
strictement). 

La  variable  aleatoire  ,  definie  aux  instants  equidistants  : 
ti=a+i(b-a)/n  i=0,..n,  prend  les  valeurs  x,..  A  la  suite  des 
valeurs  Xi„  on  associe  la  fonction  etagee  x(t)  telle  que  definie  en 
(1-4).  x(t)  est  line  trajectoire  du  processus.  Pour  evaluer  le 
rearrangement  non-decroissant  de  x(t),  on  calcule  Sx(z,X), 
fonction-distribution  de  x(t). 

Si  Pn(zX)  est  la  fonction  de  repartition  empirique  de  X,  on  a  ; 

nombre  de  valeurs  de  X  telles  que  (X  <  z) 

P„(z,Xh - 

n  +  1 

P„(z,X)  =mes(t  E  [a, b]  x(t)  <z)/(b-a+h}  =Sx(z,X)/(b-a+h) 
D'apres  le  theoreme  de  Glivcnko-Cantelli  [5] 

Pour  n  ^  cc  supl/L  (t,X)-  P{t,  X)j  ->  0 
t  P-^ 

done  lim  P„{z,X)  =  P{,z,X)  =  s{z,X) !  {b  -  a)  (II-l) 

«-»QO 

En  resume 

Au  processus  aleatoire  stationnaire  (bruit  blanc)  X(t,  co)  deflni 
sur  [a,b] ,  est  associi  un  rearrangement  non-decroissant 
S(t,X)  (tEfa,bJ).  C'est  la  transposee  de 
s^(z,X)  =  {b~  a)P(z;  X)  oil  P(z:X)  est  la  fonction  de 
repartition  de  la  variable  aleatoire  Xt. 

III- 2-Rearraneement  non-decroissant  deX£t.  m)  sur  (a.b). 

On  considere  un  processus  aleatoire  stationnaire  X(t,  co)  sur 
I'intervalle  (0,1).  La  fonction  de  repartition  deXi  a  I'instant  0  est 
notee  P(z)  =Po(z). 

On  note  H(t)  sa  transposee,  definie  en  (1-2).  H(t)  est  le 
rearrangement  non-decroissant  du  processus  aleatoire 
stationnaire  Xfr.fti)  sur  rintervalle(0,7). 

H(t)  =  Sup[vB{  bf  x(«).  Sup  x(u)\.P(v)<t}  te[0J]. 
ue(0,J)  uei0,l) 

On  considere  desormais  le  processus  aleatoire  stationnaire 
Y(t,co)=X(t,co)  lorsque  <  e  (a,  A).  Sa  fonction-distribution  est, 
d'apres  (II-l),  (b-a)P  (z)  et  son  rend: 

Hjit)=Slp^e[  bf  M  Sip  m(.b-a)P(z)<t}te[a,b]. 
udfi)))  u^ap) 

On  a  done 


(II-2) 


H,(t)=H[(t-a)/(b-a)] 
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Il-S-Exemples  de  rearrangement  de  divers  bruits  blancs. 


III-2-Fonction  de  repartition 


Exemple  II-3-1:  rearrangement  non-decroissant  d'un  bruit  Wane 
uniforme  stationnaire  sur  (0,1) : 


n 

Exemple  II-3-2  :  rearrangement  non-decroissant  d'un  bruit 
blanc  gaussien  N(0,2)  stationnaire  sur  (0,1) : 


n 

III-D^compositon  d'un  signal. 


Dans  les  paragrahes  precedents,  on  a  vu  qu'il  est  equivalent  de 
parler  de  rearrangement  non-decroissant  ou  de  fonction- 
distribution.  Comme  cette  demiere  est  aussi  la  fonction  de 
repartition,  on  s'interessera  desormais  a  celle-ci  comme 
transpos6e  du  rearrangement  non-decroissant.  En  integrant  la 
relation  (I1I-2),  on  a,  aussi,  immediatement: 

Ps(z)  =  ip.PB(z-fi}  (III-3) 

0  ' 

lIl-3-Processus  tronques. 

Soit  la  variable  aleatoire  continue  X,  dont  I'ensemble  des 
valeurs  est  [a,b] ,  et  dont  la  fonction  de  repartition  est  P(x).  On 
definit  deux  nombres  kl  et  k2  qui  sont  tels  que: 

-  si  o  est  fini  W  sinon  kl  =Max(k ER)ts]  que  P(k)<  10'" 

-  si  b  est  fmi  k2  =b  sinon  k2  =Min(k ER)\&\  que  P(k) >1-10'" 
(pratiquement  n=i). 

On  associe  alors  a  la  variable  aleatoire  X,  une  variable  aleatoire 
"tronquee"  X*,  dont  la  fonction  de  repartition  est; 

P*(x)  =  0  si  x<  kl 

P(x)-Pikl) 

-  si  kl<x<k2 

P(k2)  -  P{kl) 

1  si  k2<  X 

Exemples: 

-  cas  de  la  loi  normaleA^fffj.q),  si  n=3,  kl=m-ka,  k2=m+k<j 
aysck=3.1. 

-  cas  de  la  loi  de  Rayleigh  de  parametre  a,  si  n=3,  kl  =0, 
k2^3.72/a. 


III-l  Signal  utile  plus  bruit. 


IIM-lnterpretation.  Cas  divers. 


On  suppose  disposer  d'un  signal  "brut":  somme  d'un  signal 
"utile"  et  d'un  bruit; 

s(t)=^f(t)+b(t)  tefOJJ  (III-l) 

Au  bruit  b(t)  on  associe  la  variable  aleatoire  B  dependant  du 
vecteur  de  parametres  A,  admettant  une  densite  de  probabilite 
daft),  et  une  fonction  de  repartition  PafO- 
Exemple:  dans  le  cas  d'un  bruit  gaussien  la  variable  aleatoire  B 
depend  des  deux  parametres:  moyenne  m  et  ecart-type  o;  On  a 
done : 

A={m,o}  et  daftj^  dB(t;m ,a)  e,tPB(t)=  PB(t;m,cr). 

Au  signal  utile  f(t)  on  associe  la  variable  aleatoire  discrete  Fqui 
peut  prendre  les  valeurs: 

{fo  supposees  rangees  dans  I'ordre  croissant,  avec  les 
probabilites  respectives:/po  ,pi,...,pr}. 

En  supposant  qu'il  existe  des  instants  ou,  seul,  le  bruit  est 
present,  on  aura  fo=0. 

Remarque :  la  justification  de  ce  type  de  modele  se  trouve  dans 
le  paragraphe  V. 

Connaissant  les  resultats  sur  la  somme  de  deux  variables 
aleatoires  independantes,  on  peut  immediatement  ecrire  la 
densite  de  la  variable  aleatoire  S: 
r 

ds(z)  =  'Lp^  dB(z-j:)  (111-2; 


On  se  propose,  maintenant,  d'interpreter  la  formulation  (III-2) 
dans  le  cas  d'un  signal  satisfaisant  aux  hypotheses  du 
paragraphe  III-l,  pour  un  processus  tronque. 


On  considere  ('expression  (III-2)  ds(z)  ^^Pi  ^B(z-fi). 


On  interprete  {fo,fi,-,fr}  comme  une  population  composee 

des  r+1  individus  fo,fi . fr-  Dans  le  but  ulterieur  de  pouvoir 

determiner  les  differentes  caracteristiques  (densite  ou  bien 
fonction  de  repartition)  du  bruit,  on  considerera  cette  population 
comme  constituee  de  deux  sous  populations.  La  premiere  Popi 
contient  I'element  unique  fo  et  la  seconde  Pop:  est  constituee  de 
tous  les  autres  individus 


On  remarque  que: 

.  par  construction  de  la  variable  aleatoire  tronquee  B\ 
d(z-fo)-0,  lorsquez^  [fo+kl  fo+k2].  L'influence  de  I'individu 
fo  est  limitee  a  cet  intervalle.  Puisque  fo=0,  d(z)  contient  toute 
I'information  relative  au  bruit. 

.  de  meme  l'influence  de  I'ensemble  des  individus  fi,  f 2,- -fr  se 
limite,  quant  a  elle,  a  I'intervalle  [fi+kl  fr+k2  ],  ceci 
independamment  des  influences  mutuelles  des  differents 
individus  f  (i=l,r)  entre  eux. 

On  appelle  taux  d'immersion  du  signal  utile  dans  le  bruit,  la 
quantite: 


fij  =  f(fo+k2)-(f,+kl)J/(k2-kl)  =  1-  (f,  -fo)/(k2-kl) 
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Pour  faciliter  la  comprehension,  I'exemple  suivant  servira  de 
support : 

example  II1-4: 

.  B  bruit  gaussien.A^f(9,7/  tronque  avec  k(-3.1)  constante  de 
troncature. 

.  F  peut  prendre  les  valeurs  {0 ,  a  ,a+3}  avec  les  probabilites 
{0.5, 0.3, 0.2}. 

ds(z)  =0.5  d(z)+0.3  d(z-a)+0.2  d(z-(a+3)). 

a)  cas  de  deux  sous-populations  separees : 

Ceci  signifie  (fi+kI)-(fo+k2)>0  soit  oxO. 

Dans  I'exemple  a=I5  ou  <y=  -1.4. 


ds(z) 


b)  cas  de  deux  sous-populations  melangees  : 

Ceci  signifie  (fi+kI)-(fo+k2)<  0  et fi>fo  soit  0<a)<l 
Dans  I'exemple  a=4  ou  (o=0.35. 


pOd(z- 

pld(z- 

p2d(z- 

ds(z) 


Soit,  done ,  le  signal  s(t)  et  sa  fonction  de  repartition,  G(t), 
obtenue  a  partir  de  son  rearrangement  non-decroissant,  definis 
sur  [0, 1 ].  Sur  I'intervalle  [kl,k2],  la  fonction  de  repartition  de 
la  variable  aleatoire  tronquee  representant  le  bruit  est  P*(x,A). 

Aussi,  on  considere  la  quantitc: 

)  =  K{u,v)\li^a  +  bp\t,A)-G{t^  dt  (IV-1) 

ou  K(u,v)  est  un  coefficient  de  normalisation,  b  correspond  a  po 
et  a  permettra  de  trouver  d'eventuelles  valeurs  aberrantes. 

Par  example  K(u,v)=I/[(v-u)(G(v)-G(u)/j.  La  quantite 
R=Q'^\  distanee  entre  la  fonetion  de  repartition  empirique  et  la 
fonction  de  repartition  recherchee,  est  appelee  coefficient 
d'ajustement  (coefficient  sans  dimension  pour  le  K  choisi). 

Puisque,  par  hypothese,  il  existe  un  intervalle  sur  lequel  la 
fonction  de  repartition  du  signal  brut  est  egale  a  celle  du  bruit  (a 
une  translation  et  une  homotethic,  eventuellcs,  pres),  il  reste  a 
trouver  cet  intervalle,  sur  lequel  la  valeur  du  vecteur  parametre 
A  est  telle  que  Q=0. 

IV-2.Relation  fondamentale  discrete. 


On  considere  desormais  le  signal  brut  sous  la  forme  d'une  suite 
de  donnees  { St  ,i=0,..,n}.  On  a,  comme  indique  en  IIl-l; 
fi+bi  i=0,..,n. 

On  se  propose  de  decrire  un  algorithme  permettant  de  trouver 
les  caracteristriques  du  bruit  /fe,  i=0,..,n},  apres  avoir  fait  une 
hypothese  sur  sa  nature  (gaussien  par  exemple)  pour  un  taux 
d'immersion,  du  signal  utile  dans  le  bruit,  nul. 

Soit  P'(x;2.i la  fonction  de  repartition  de  la  variable 
aleatoire  representative  du  bruit.  On  remarque  que,  lorsque 
4'=2,  la  donnee  de  kl  et  k2  permet  de  determiner  Aj  et  Az 

D'une  maniere  generate,  soit  la  variable  aleatoire  X  Au  cours  de 
n+1  epreuves,  on  obtient  les  realisations  x,  (i=0,..,n)  de  X.  A 
partir  de  ces  quantites  x, ,  par  divers  moyens,  on  est  capable  de 
trouver  de  bons  estimateurs  -voire  des  estimatcurs  optimaux- 
des  differents  parametres  de  la  loi  de  X.  La  methode  du 
maximum  de  vraisemblance  [6]  sera  utilisee  la  plupart  du 
temps,  parallelement  a  celle  dite  de  la  plus  courte  distance. 

Soit  [i/n,  Si ,  i=0,..,n]  le  rearrangement  non-decroissant  de 
[i/n,  Si ,  f=0,..,nj.  La  fonction  de  repartition  de  la  suite  initiale 
est,  alors,  /S, ,  i/n,  i=0,..,nj. 


La  formule  (111-3)  aurait  pu  etre  utilisee  et  aurait  donnee  la 
meme  interpretation.  La  formule  (II1-2)  est  simplement  plus 
lisible,  evitant  les  cumuls  des  fonctions  de  repartition  partielles. 
Dans  le  cas  de  deux  sous-populations  separees,  on  constate  que, 
sur  I'intervalle  [fo+kl,  fo+k2]  la  fonction  de  repartition  de  S  est 
Ps(z}=po  Pb(z)- 


Dans  le  cas  discret,  la  quantite  Q  definic  par  la  relation  (fV-l) 
devient  la  relation  fondamentale  discrete: 


KjS^Sp) 

2 


V(S,.^;-S,){C  +C  } 
i=r  I  1  +  i 


IV-Recherche  des  caract^ristiques  du  bruit  dans  un  signal 
brut. 


ouCj  =  [a +  bP*{Sj;  A) 

n 


(IV -2) 


Dans  un  premier  temps,  et  dans  le  cas  de  deux  sous-populations 
separees,  on  se  propose  de  determiner  les  deux  homes  kl  et  k2 
(puisque  fo  est  suppose  egal  a  0),  ainsi  que  les  autres 
parametres,  eventuels,  attaches  au  bruit. 

TV-1  Instmments  mathematiques  de  mesure. 

On  considere  I'intervalle  de  reference  [0, 1 ],  et  I'intervalle 
[u,v]^[0,l],(v>u). 


Remarque:  Pour  integrer  (IV-1),  la  methode  des  trapezes  a  ete 
utilisee.  Celle  des  rectangles,  un  peu  moins  precise  mais  moins 
couteuse  en  calculs  aurait  aussi  pu  convenir. 

IV-3. Construction  de  I'aleorithme  d'aiustement  optimal. 

La  resolution  de  (IV-2)  est  particulierement  delicate.  On  se 
propose  done  de  presenter  une  methode  donnant  une  solution 
approchee  de  (IV-2). 
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On  pose  K(u,v)=l/[(v-u)(G(v)-G(u)/]. 

Dans  le  cas  des  hypotheses  III-4-a.  on  a  Sr=0  (soil  u=0).  Alors, 
pour  resoudre  (rV-2),  c'est  a  dire  minimiser  la  quantite  Qr.p ,  on 
realise  les  etapes  suivantes  : 

-  on  a  Sr=0  pour  r=0  et  on  se  fixe  p  E ]0,n]  (done  Sp). 

•  on  pose:  a=G(Sr)  =r/n  =0  b  =G(Sp)-G(Sr)  =(p-r)/n  =p/n. 

-  on  calcule  les  estimateurs  de  A/ . Af ,  (par  la  methode  du 

maximum  de  vraisemblance). 

-  on  fait,  alors,  varier  p  par  valeurs  decroissantes  a  partir  de 

n. 

-  on  calcule  Q,  aux  valeurs  correspondant  aux  parametres 
estimes. 

Quand,  pour  p~p*,  la  quantite  Q  est  nulle  (lorsque  en  pratique, 
elle  est  minimum),  on  obtient  la  valeur  des  divers  parametres 
recherches. 

V-Rechercherche  de  canaux  clairs  dans  la  bande 
dicam^trique. 

Les  bruits  presents  dans  la  bande  decametrique,  qui  sont  une 
superposition  d'ondes  electromagnetiques  d'origines  diverses, 
peuvent,  par  exemple,  etre  modelises  par  un  bruit  blanc 
gaussien.  Les  brouilleurs,  quant  a  eux,  occupent  une  bande  de 
fi’equences  pouvant  ne  correspondre  qu'a  une  simple  porteuse 
ou  s'etendre  sur  quelques  kHz. 

C'est  ainsi  que  la  representation  de  tout  ou  partie  du  spectre  HF, 
par  un  modele  du  type  defini  en  III-l  apparait  comme 
raisonnable. 

V-1. Validation  du  modele. 

Dans  cette  etude  sont  traites,  essentiellement,  des  cas  ou  le  taux 
d'immersion  est  voisin  de  0.  D'autres  travaux,  en  cours,  laissent 
presager  de  bons  resultats  lorsque  ce  taux  croit  de  maniere 
significative. 

On  represente,  pour  chaque  exemple,  la  fonction  de  repartition 
empirique  du  spectre  etudie,  ainsi  que  son  ajustement  optimal 
par  une  "gaussienne"  sur  I'intervalle  ad  hoc.  Dans  le  cas 
gaussien  les  estimateurs  utilises  sont  les  estimateurs 
traditionnels  de  la  moyenne  et  de  I'ecart-type. 

Exemple  V-1-1:  on  commencera  par  un  echantillon  simule  de 
500  points,  compose  d'un  bruit  gaussien  N(-  90,2)  et  de  5 
"brouilleurs"  aux  adresses  40  a  42, 150, 300  a  303, 304  et  306. 
Les  niveaux  respectifs  exprimes  en  dBm  sont :  -71,  -8 1,  -  73, 
-65  et  -  64.  Le  spectre  synth^tise  ainsi  obtenu  est  le  suivant : 


Les  resultats  foumis  par  I'algorithme  d'ajustement  optimal 
precedemment  decrit  sont  dans  ce  cas  : 

moyenne  calculee:  -  90.01 
ecart-type  calcule:  2.01 

seuil  (seuill)  par  une  methode  traditionnelle :  -  79.21 
seuil  (seuil2)  calcule:  -  83. 78 

On  voit  tout  I'interet  de  I'ajustement  optimal,  permettant  en 
particulier  de  signaler  le  brouilleur  ignore  par  I'autre  methode 
citee. 

Exemple  V-1-2:  (le  spectre  original  se  compose  de  1000  points) 
Cet  exemple  correspond  a  un  enregistrement  de  I'occupation 
spectrale  du  canal  ionospherique,  effectue  le  6.03.92  a  Lannion, 
au  moyen  de  I'analyseur  de  liaisons  du  CNET.  La  portion  de 
spectre  presentee  ici  couvre  la  bande  5-6  Mhz  et  les  niveaux 
sont  exprimes  en  dBm. 

La  figure  suivante  presente  les  resultats  de  I'ajustement  de  la 

fonction  de  repartition  empirique  ( _ ),  par  la  fonction  de 

repartition  gaussienne  (....),  pour  les  953  premiers  points. 


Valeur  du  coefficient  d'ajustement.  R=0.0048 
Representation  du  spectre  original : 


n 


caracteristiques  du  bruit:  moyenne  =  -88.71 
ecart-type  =  1.91 

valeurs  extremes  du  bruit  u  =  -  94.64 
v  =  - 82.77 

Exemple  V-1-3:  (le  spectre  original  se  compose  de  1010  points) 
II  s'agit  ici  d'un  enregistrement  obtenu  le  13.03.92  a  Lannion 
dans  la  bande  9-10  MHz. 


1 
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La  figure  suivante  presente  les  resultats  de  I'ajustement  de  ia 

fonction  de  repartition  empirique  ( _ ),  par  la  fonction  de 

repartition  gaussienne  pour  les  663  premiers  points. 


Valeur  du  coefficient  d'ajustement:  R  =0.009 1 
Representation  du  spectre  original : 


n 


caracteristiques  du  bruit:  moyenne  =  -  87.93 
ecart-type  =  2.23 

valeurs  extremes  du  bruit:  u  =  -  94.85 

v  =  -81.01 

On  en  tire,  pour  chaque  exemple  presente,  un  certain  nombre 
d'informations : 

-  I'acceptation  ou  non  de  la  representation  du  bruit  par  un 
processus  blanc  gaussien.(  on  constate  que,  sur  I'exemple  V-1-2 
i'ajustement  est  tres.bon.  Le  coefficient  R  est  deux  fois  moindre 
que  dans  V-1-3) 

-  les  caracteristiques  du  bruit,  c'est  a  dire  sa  moyenne  m  et  son 
ecart-type  cr 

-  la  zone  (m-3. 1  cr,  m+S.lcr)  oulc  bruit  est,  pratiquement,  seul 
present 

-  I'existence  eventuelle  de  valeurs  aberrantes  (comme  dans 
V-1-3-1) 

-  en  consequence,  les  zones  ou  sevissent  les  brouilleurs 

Par  rapport  a  d'autres  methodes  existantes  [7],  on  constate  les 
avantages  suivants : 

-  possibilite  de  disposer  d'un  seuil  de  decision  auto-ajuste  aux 
conditions  existantes  dans  le  domaine  des  mesures  : 


methodes  traditionnelles  :  seuil 1  =  -  72.80  V-1-2 

seuill=  -  52.54  V-1-3 

ajustement  optimal  :  seuil2=  -  82. 77  V-1-2 

seuil2=- 81.01  V-1-3 

-  une  bonne  separation  du  bruit  et  des  brouilleurs 

-  des  resultats  directement  exploitables 

V-2.ReDresentation  simplifiee  de  I'pccupation  snectrale. 

Un  recent  article  [8],  montre  que  I'on  peut  passer  d'un  spectre 
code  sur  N  niveaux  a  un  spectre  code  sur  K  niveaux  {K<  <N) 
non  uniformement  repartis.  Afin  d'avoir  une  representation 
simplifiee  de  I'occupation  spectrale,  on  se  propose  ici : 

-  de  mettre  le  bruit  a  sa  valeur  moyenne, 

-  d'indiquer  ses  valeurs  extremes, 

-  de  coder  sur  trois  niveaux  I'ensemble  des  intensites,  hors  des 
canaux  oil  le  bruit  est  seul  present. 

Exemple  V-2. 

On  reprend  I'exemple  V-1-3  et  les  resultats  du  paragraphe 
precedent.  Apres  ajustement  optimal,  les  quatre  niveaux,  dont 
la  moyenne,  sont  alors  : 


0  0.5  1 


n 

moyenne  =-87.93 
niveaul  =  -  71.89 
niveau2  =  -  58. 73 
niveau3  =-51.70 

Le  spectre  mesure  et  son  codage  sur  les  4  niveaux  non 
uniformement  repartis  mettent  nettement  en  evidence  la  tres 
bonne  preservation  de  I'information  qu'autorise  cette  technique, 
en  comparaison  avec  un  decoupage  uniforme  (ci-dessous). 


n 
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Les  niveaux  sont,  dans  ce  cas  : 

niveauO  =  -92.5 
niveau  I  =-79.9 
niveau2  =-67.3 
niveau3  =  -54. 7 

L'ajustement  optimal  et  le  codage  associe  sont  particulierement 
performants  pour  r^duire  la  quantile  d'  information  a  Stocker 
lors  de  campagnes  de  mesures  de  longue  duree.  Ce  type  de 
probleme  est  d'actualite  ( cf  par  exemple  [9]  et  [10]). 

Conclusion 

Au  cours  de  cede  etude,  tout  en  poursuivant  I'objectif  de  la 
recherche  des  canaux  clairs  dans  la  bande  decametrique, 
plusieurs  notions  importantes  ont  ete  introduites  : 

-  le  rearrangement  non-decroissant  d'une  fonction :  il  a 
I'avantage  de  donner  tres  rapidement  la  fonction  de  repartition 
associee  a  cede  demiere. 

-  le  taux  d'immersion ;  la  liaison  entre  ce  coefficient  et  le 
rapport  signal  a  bruit  reste  cependant  a  parfaitement  etablir. 

Ces  instruments  ont  permis  de  dcfmir  une  relation 
fondamentale,  suffisamment  generale,  qui,  dans  cet  expose,  a 
ete  utilisee  pour  trouver  les  caracteristiques  d'un  bruit  gaussien. 
Cependant  le  cas  d'autres  types  de  distribution  de  bruits  a  deja 
ete  teste,  avec  succes  :  Rayleigh,  Rice,  et  plus  generalement 
Nagakami...  Les  resultats  obtenus,  sur  la  recherche  de  canaux 
clairs,  dans  la  bande  decametrique,  sont  encourageants. 

Des  prolongements  de  la  methode  proposee  ici,  ainsi  que 
d'autres  applications  sont  d'ores  et  deja  envisages  : 

-  introduction  de  la  dimension  temporelle  dans  la  recherche  de 
canaux  clairs,  pour  I'etude  de  leur  coherence 

-  prise  en  compte  de  taux  d'immersion  plus  importants 

-  extension  aux  problemes  de  detection  radar  par  exemple. 
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DISCUSSION 


Discusser’s  name:  C.  Goutelard 


Comment/Question : 

Votre  theorie  est  etablie  sur  I’etablissement  de  fonction  de  repetition  ce  qui  necessite  un  nombre 
de  points  minimum.  Sur  des  bandes  analysees  de  1  MHz  vous  avez  de  toute  evidence 
suffisamment  de  points.  On  ne  souhaite  pas  toujours  faire  une  analyse  aussi  vaste.  Quelle  est  la 
bande  minimale  que  vous  jugez  pouvoir  analyser  avec  votre  theorie. 


(Translation: 

Your  theory  is  based  on  the  establishment  of  a  repetition  function  which  requires  a  minimum 
number  of  points.  On  the  1  Mhz  bands  analysed  you  obviously  have  enough  points.  One  would 
not  always  want  to  make  such  a  broad  analysis.  What  is  the  minimal  band  that  you  think  you  can 
analyse  using  your  theory?) 


Author/Presenter’s  reply: 

Dans  le  cas  de  populations  separees,  le  nombre  de  points  (de  canaux)  necessaires  est  celui 
habituel  -  pour  une  loi  Gaussienne  -  de  I’ordre  d’une  cinquantaine  dans  les  conditions 
d’experimentation  presentees. 

Dans  le  cas  de  populations  melangees,  (dans  la  mesure  ou  le  debut  de  cette  etude  est  recent)  on 
ne  peut  deja,  donner  une  reponse  chiffree.  Dependant,  plus  le  taux  d’immersion  est  grand,  plus 
“I’echantillonage”  ou  la  partie  de  la  fonction  de  repartition  a  reconstituer,  sera  eleve. 


(Translation: 

In  the  case  of  separated  populations  the  number  of  points  (channels)  necessary  is  as  usual,  for  a 
Gaussian  law,  of  the  order  of  fifty  under  the  experimental  conditions  presented. 

In  the  case  of  mixed  populations,  (taking  into  consideration  that  this  study  was  begun  recently),  it 
is  not  possible  to  give  figures.  However,  the  greater  the  level  of  immersion,  the  higher  the 
“sampling"  or  the  part  of  the  distribution  function  to  be  reconstituted,  will  be. 
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COMPATIBILITE  ELECTROMAGNETIQUE 
DANS  LA  BANDE  DECAMETRIQUE  : 
MODELISATION,  PREVISION,  EVALUATION  PASSIVE 

DE  LTONOSPHERE 

J.  CARATORI,  C.  GOUTELARD 
LETTI  —  Universite  Paris-Sud  —  Batiment  214 
91405  ORSAY  —  France 


Resumi 

Le  spectre  de  la  gamme  dicamitrique  revele  un  nombre 
tres  important  ^interferences  dont  la  repartition 
depend  des  utilisateurs  et  de  I'etat  de  I'ionosphere.  Une 
modelisation  des  interferences  peut  itre  faite  par 
I'observation  des  niveaux  regus  sur  I'etendue  de  la 
gamme.  II  a  eti  possible  d'effectuer  une  telle 
classification  par  rapport  au  niveau  du  champ  capte  en 
un  point  de  la  surface  terrestre. 

Les  etudes  presentees  ont  ^te  fades  en  Europe 
occidentale  oit  la  pollution  electromagnetique  est 
particuMrement  importante.  La  caracterisation  a 
conduit  a  defmir  des  probabilites  de  clarti  dont  les 
variations  journaliires  ont  pu  etre  representees  par  des 
lots  quantitatives,  vMfiees  avec  un  excellent  accord, 
par  les  relevis  expirimentaux. 

Une  modelisation  theorique  du  spectre  a  et^  faite  par 
un  calcul  numirique  reposant  sur  la  simulation  de  2300 
emetteurs  repartis  dans  une  zone  de  7000  km  de 
diamitre.  Les  resultats  obtenus  ont  permis  donner  une 
representation  analytique  de  ces  spectres  et  les 
confrontations  avec  les  mesures  effectuees  ont  ete 
excellentes.  A  partir  de  ces  premiers  resultats,  il  a  ite 
envisage  d'utiliser  les  variations  temporelles  des 
spectres  observes  pour  les  corriler  avec  la  frequence 
critique  de  la  region  F2.  Cette  modelisation  a  conduit  a 
defmir  un  parametre  d'estimation  de  cede  frequence 
critique  et  les  correlations  fades  avec  les  mesures 
effectuees  par  le  sondeur  zenithal  ont  montre  une  tres 
forte  correlation  entre  le  foF2  reel  et  le  parametre 
introduit. 

On  a  deduit  de  ces  resultats  une  methode  de  prevision 
totalement  passive  particulierement  bien  adaptee  aux 
systemes  de  transmission  discrets.  Un  dispositif  a  ete 
introduit  dans  un  systeme  de  telecommunication 
expMmental  afin  d'etablir  les  liaisons  sur  les 
meilleures  frequences  sans  qu'il  y  ait  d'echange 
prelable  d'informations  entre  les  stations.  Les  resultats 
encourageants  obtenus  ont  conduit  a  implanter  le 
systeme  dans  un  recepteur  qui  permet  la  gestion 
automatique  d'une  liaison. 


L  -  INTRODUCTION  - 

L'encombrement  spectral  de  la  zone  ddcam^trique  est 
tres  important,  ce  qui  prouve  son  exploitation  par  de 
nombreux  utilisateurs.  Le  spectre,  dont  I'etendue  est  de 
3  k  30MHz,  r^vfele  remission  d'ondes  de  tr^s  forte 
puissance  dues  aux  stations  de  radiodifiusion  et  la 
presence  d'6missions  professionnelles  de  puissances 
inftrieures. 

La  qualite  d'une  liaison  est  caracteris^e  par  son  rapport 
signal/(bruit  +  interferences)  ce  qui  a  entraine  depuis 
une  quinzaine  d'annees  le  d^veloppement  d'etudes  sur  la 
caracterisation  de  ces  interferences,  voire  leur  provision 
[1]  [2]  [3]  [4], 

Les  caracteristiques  variables  de  I'ionosphere  li^es  ^ 
I'indice  d'acvitite  solaire  ont  incite  les  utilisateiu-s  a 
definir  des  methodes  de  prevision.  Ces  methodes,  bien 
connues,  dont  I'efficacite  a  ete  testee  depuis  de 
nombreuses  annees  permettent  de  prevoir  les 
caracteristiques  de  transmission  des  canaux  de  la 
gamme  decametrique  avec  une  tr^s  bonne  precision. 
Cependant,  la  qualite  depend  tout  autant  du  bruit  et  des 
interferences  qui,  souvent,  sont  les  parametres  qui 
conditionnent  reellement  la  qualite  de  la  transmission. 
Les  interferences  qui  apparaissent  dans  la  gamme 
decametrique  sont  extremement  nombreuses  et  leur 
densite  peut  depasser  plusieurs  centaines/kHz.  Ces 
ondes  se  propagent  4  I'echelle  mondiale  ce  qui  entraine 
des  genes  extrSmement  importantes.  II  faut  cependant 
noter  que  l'encombrement  spectral  n'est  pas  uniforme  a 
la  surface  terrestre  et  que  la  pollution  dans  les  zones 
Europe  et  Amdrique  parait  superieure  k  celle  que  Ton 
peut  observer  dans  d'autres  regions  du  monde  comme, 
par  exemple,  I'oc^an  pacifique  sud  ou  la  densite  des 
interferences  apparait  ^aucoup  plus  faible  [5]. 

Une  vision  plus  large  des  previsions  de  liaisons 
ionosphdriques  consiste  done  a  prwoir,  non  seulement 
les  qualites  de  transmission  des  canaux,  mais  egalement 
I'intensit^  des  interferences  qui  predominent  en  general 
sur  I'intensitd  du  bruit.  La  prevision  de  I'activite  des 
interferences  a  ete  developpee  par  diflferents  auteurs  [3] 


Paper  presented  at  the  AGARD  SPP  Symposium  on  “Digital  Communications  Systems:  Propagation  Effects, 
Technical  Solutions,  Systems  Design",  held  in  Athens,  Greece,  18-21  September  1995  and  published  in  CP-574. 
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[4]  [5]  [6]  mais  leur  moddisation  est  toujours  apparue 
complexe. 

L'^tude  presentee  constitue  une  6tape  supplementaire 
dans  la  prevision  des  interferences,  dans  leur 
modelisation,  mais  6galement  dans  leur  utilisation  pour 
pr^voir  les  param^tres  ionospMriques.  Ce  point  est 
apparu  par  I'observation  du  spectre  de  la  gamme 
d^cam^trique  dont  les  Evolutions  sont  joiunalieres, 
saisotmieres  et  liEes  aux  variations  undecennales  des 
cycles  solaires.  II  est  montrE,  dans  cette  Etude,  que  la 
rEpartition  des  interfErences  dans  le  spectre  HF  est 
Etroitement  liEe  avec  la  frEquence  critique  de  la  rEgion 
F2  qui  est  I'un  des  parametres  principaux  des  prEvisions 
ionosphEriques.  Sexploitation  de  cette  corrElation 
conduit  a  I'Etablissement  d'une  mEthode  de  prEvision 
passive  qui  a  EtE  expErimentEe  et  les  rEsultats  obtenus 
sont  discutEs.  II  apparait,  au  terme  de  ces  discussions, 
que  I'exploitation  du  spectre  dEcamEtrique  des 
interfErences  constitue  une  excellente  mEthode  de 
prEvision  passive  de  la  frEquence  critique  de  la  rEgion 
F2  de  I'ionosphere.  Cette  exploitation  a  conduit  a  la 
conception  d'un  systeme  destinE  aux  opErationnels.  Ce 
systeme,  totalement  passif,  oflfre  d'indEniables  avantages 
pour  des  Evaluations  passives  indEtectables, 
particulierement  prEcieuses  pour  I'Etablissement  fiable 
de  liaisons  discrEtes. 

n.  -  CARACTERISATION  DES 
INTERFERENCES  DANS  LA  GAMME 
DECAMETRIQUE  • 

L'observation  des  interfErences  dans  la  gamme 
dEcamEtrique  rEvele  une  grande  variabilitE  dont  la 
figure  1  donne  un  exemple.  Deux  spectres  analysEs  de  7 
a  23MHz  avec  une  rEsolution  de  IkHz  sont  reprEsentEs. 
Le  premier  correspond  a  un  spectre  de  jour,  le  second  a 
un  spectre  de  nuit  eiu'egistrEs  dans  la  zone  europe 
occidentale.  Ces  spectres  rEvelent  une  grande 
dynamique  des  niveaux  re?us  qui  s'Etend  de  -  90dBm  a  - 
15dBm.  On  pent  noter  I'existence  de  bandes 
prEdominantes  qui  correspondent  aux  bandes  de 
radiodiffusion  dans  lesquelles  des  Emetteurs  de  tres 
forte  puissance,  souvent  de  I'ordre  de  IMW,  sont 
opErationnels.  Les  points  caractEristiques  k  relever 
sont : 

•  Une  Etendue  du  spectre  plus  grande  le  jour  que  la 
nuit.  On  pent  noter  qu'au-dela  de  20MHz  le  niveau 
des  interfErences  regues  dEcroit,  ne  subsistant 
finalement  que  les  Emissions  locales.  Cette 
disparition  des  interfErences  regues  dans  la  partie 
supErieure  de  la  gamme,  est  due  a  I'abaissement  de 
la  frEquence  critique  foF2  durant  la  nuit. 

•  Un  affaiblissement  des  ffEquences  infErieures  durant 
le  jour,  crEE  par  I'absorption  de  I'Energie  par  la 
rEgion  D. 


On  a  cherchE  a  caractEriser  ces  interfErences  par 
I'Etablissement  de  lois  traduisant  leur  variation 
temporelle.  II  a  EtE  effectuE  une  modEIisation  [5]  qui  a 
conduit  k  I'Etablissement  de  relations  analytiques 
permettant  de  dormer  des  lois  de  prEvision  sur  les 
interfErences  k  I'intErieur  de  chacune  des  95  bandes 
allouEes  par  lUIT  (Union  Internationale  des 
TElEcommimications).  Les  rEsultats  obtenus  donnent  la 
probabilitE  P(s^  pour  que,  durant  une  heure  doimEe,  un 
canal  de  largeur  de  bande  IkHz  dont  le  niveau  est 
infErieur  k  un  seuil  S  pendant  J-I  jours  consEcutifs  le 
demeure  pendant  le  jour  J  suivant.  Cette  probabilitE 
dEpend  done  du  nombre  de  jours  observEs  J-1,  et  du 
seuil  choisi  S.  File  a  EtE  appelEe  probabilitE  de  clartE. 
Les  Etudes  de  cette  probabilitE  de  clartE  ont  EtE  menEes 
avec  un  dispositif  expErimental  nommE  SARABANDE 
(SystEme  d'Analyse  RApide  de  la  BAnde 
DEcamEtrique)  qui  a  permis  de  trader  plusieurs 
centaines  de  millions  de  points  de  mesures  pour  vErifier 
la  vEracitE  des  Etudes  thEoriques  menEes.  La  figure  2 
reprEsente  un  exemple  de  mesure  de  la  probabilitE  de 
clartE  pour  la  bande  [18  168kHz  ^  18  401kHz]  rEservEe 
aux  liaisons  fixes  pour  des  pEriodes  d'observation  de  17 
jours.  On  pent  noter  sur  les  surfaces  dormant  ces 
probabilitEs  de  clartE  qu'en-dessous  d'lm  seuil 
minimum,  la  probabilitE  de  clartE  devient  nulle,  alors 
qu'au-dessus  d'un  seuil  maximum,  la  probabilitE  de 
clartE  est  Egale  a  1.  La  zone  intermEdiaire  fait 
apparaitre  des  courbes  qui  sont  assimilables  £k  des 
exponentielles  dEcroissantes  dEterminEes  par  la  thEorie 
dans  [5],  Ces  courbes  sont  approchEes  avec  des 
coefficients  de  corrElation  supErieurs  ^  0,98  dans  la 
majoritE  des  cas,  pour  des  reprEsentations  s'Etendant 
jusqu'a  une  quinzaine  de  jours.  Au-dela  de  cette 
pEriode,  la  loi  ne  semble  plus  etre  valable  pour  des 
raisons  qui  ont  EtE  exposEes  dans  les  publications  citEes. 
Les  rEsultats  obtenus  par  ces  Etudes  antErieures  ont 
amenE  k  I'Etude  prEsente  par  une  modEIisation  plus 
systEmatique  des  interfErences  regues  en  un  point  donnE 
de  la  surface  terrestre. 

m.  -  MODELISATION  DU  SPECTRE 
DECAMETRIQUE  - 

On  a  cherchE  k  modeliser  le  spectre  dEcamEtrique  en 
s'appuyant  sur  des  programmes  de  simulation  de 
propagation  afrn  de  calculer  les  niveaux  des  champs 
regus.  Cette  simulation  a  Ete  faite  en  calculant  le  champ 
regu  moyen  sur  les  95  bandes  allouEes  par  I'UIT  en 
distinguant  les  bandes  de  radiodiffirsion  des  bandes 
professionnelles  et  amateurs  dans  lesquelles  les 
puissances  d'Emission  sont  tres  diffErentes. 

Pour  rEaliser  cette  simulation  on  a  considErE  tme  zone 
gEographique  de  7000  km  de  diamEtre  sirr  laquelle  on 
EtE  disposEs  2300  Emetteurs  permettant  de  couvrir  les 
95  bandes  allouEes  par  I'UIT.  Les  Etudes  ont  EtE  menEes 
pour : 
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•  3  valeurs  de  I'indice  de  I'activit^  solaire  :  50,  100  et 
150. 

•  3  saisons  :  6t6,  hiver,  ^uinoxe. 

•  Pour  chaque  heiu'e  du  jour  :  0  4  24  heures. 

Pour  I'ensemble  des  ^metteurs  r6partis  sur  la  zone,  on  a 
calculi  le  champ  re?u  en  un  lieu  donne  (Paris  : 
48,8°  nord/8,3°  est)  et  on  a,  au  lieu  de  reception,  calculi 
la  somme  des  puissances  regues  de  I'ensemble  des 
emetteurs  et  traduit  cette  valeur  en  decibels  par  rapport 
au  microvolt  par  metre. 

La  figure  3  donne  im  exemple  de  moddisation  du 
spectre  re?u  pom  les  bandes  situees  hors  bandes  de 
radiodifiusion.  On  peut  noter  que  cette  simulation  fait 
apparaitre  les  caract^ristiques  principales  des  spectres 
observes  exp^rimentalement : 

•  De  jom,  le  spectre  est  plus  affaibli  vers  les  basses 
fr^uences  et  s'^tend  largement  vers  les  hautes 
fi'^uences. 

•  De  nuit,  le  spectre  a  ime  intensity  plus  grande  vers 
les  basses  fr^uences  mais  par  contre  s'affaiblit  tres 
rapidement  vers  les  hautes  frequences. 

Pour  r^aliser  la  mod^lisation  du  spectre  on  a  recherche 
des  lois  repr^sentant  le  plus  fidelement  possible  les 
r^sultats  de  la  simulation.  On  a,  pour  cela,  utilise  une 
premiere  relation : 

P  =  A-Bf -Cf^-Df-^ -Ef-^ 

Dans  cette  expression  .4,  B,  C,  D,  E  sont  des  parametres 
qui  dependent  de  I'heure,  du  jour,  de  la  saison  et  de 
I'indice  de  I'activit^  solaire.  Cette  representation  a 
dotm^  d'excellents  r^sultats,  cependant  elle  est  apparue 
trop  compliqu^e  pom  etre  utilis^e  de  fa^on 
op^ratioimelle.  C'est  la  raison  pour  laquelle  on  a  adopts 
une  loi  simplifiee  donn&  par  la  relation  : 

P  =  A'-B'f  -  C7“’ 

qui  est  d^duite  de  la  relation  pr^c^ente  par  la 
suppression  des  termes  en  /  ^  et  /  dont  on  a  pu 
constater  qu'ils  avaient  une  influence  de  second  ordre. 

Pom  verifier  la  validity  de  ces  r^sultats  on  a  effectud  de 
nombreuses  verifications  en  installant  un  receptem 
panoramique  k  proximite  d'un  sondem  zenithal.  Le 
sondem  zenithal  utilise  est  celui  de  Poitiers  situe  en 
France  et  le  receptem  panoramique  a  ete  instalie  4  la 
station  STUD102  du  LETTI  (STUDIO  :  Systeme  de 
Traitement  Universel  de  Diagnostic  lOnospherique) 
distant  d'environ  100  kms  de  Poitiers. 

Pom  valider  la  modeiisation  du  spectre  HF  par  la 
formule  simplifiee  on  a  efifectue  a  STUDI02  les  releves 
de  spectres  reels  que  Ton  a  ajustes  par  la  loi  simplifiee 
de  P,  de  laquelle  on  a  deduit  la  frequence  critique  foF2 
de  la  region  F2.  Cette  frequence  critique,  calcuiee  a 
partir  du  spectre  decametrique,  a  ete  ensuite  comparee  k 
la  mesure  directe  de  foF2  effectuee  k  Poitiers. 


Les  resultats  obtenus  sont  montres  sm  la  figure  4  qui 
represente  les  variations  de  foF2  pour  les  joumees  des  3 
et  4  novembre  1990,  mesmees  directement  k  Poitiers 
par  le  sondeur  zenithal  et  deduites  du  spectre 
decametrique  mesure  k  la  station  STUDIO.  On  peut 
constater  que  les  lois  observees  sont  en  excellent  accord. 
Cependant,  les  fluctuations  de  foF2  deduit  du  spectre 
decametrique  apparaissent  plus  importantes  que  celles 
mesurees  par  le  sondem  zenith^.  Un  lissage  des 
mesures  de  la  frequence  foF2  mesmee  a  partir  du 
spectre  decametrique  donne  des  resultats  en  excellent 
accord  avec  les  mesures  directes. 

On  a  considere  que  la  modeiisation  qui  a  ete  effectuee 
etait  suffisamment  bonne,  et  que  les  polynomes 
representant  le  spectre  etaient  suffisamment  fiables  pour 
donner  une  representation  fidele  de  ce  spectre  reel. 
Cependant,  malgre  ces  bons  resultats,  cette  methode  a 
ete  abandonnee  compte  tenu  de  sa  trop  grande 
complexite  en  vue  de  I'application  dans  les  systemes 
operationnels.  On  s'est  done  toume  vers  une  methode 
plus  pratique  qui,  sans  atteindre  la  qualite  des  resultats 
de  cette  premiere  methode,  conduit  k  des  resultats 
acceptables  pour  des  systemes  operationnels. 

IV.  -  MODELISATION 
OPERATIONNELLE  - 

Dans  cette  etape,  on  a  cherche  a  definir  une  methode  de 
modeiisation  permettant  de  trouver  la  valem  de  la 
frequence  critique  foF2  de  la  region  F2  de  I'ionosphere 
a  partir  des  caracteristiques  du  spectre  decametrique 
observe  par  des  methodes  simples. 

La  methode  finalement  retenue  a  consiste  a  considerer 
la  frequence  du  spectre  comme  une  variable  aieatoire 
dont  la  densite  de  probabilite  est  la  puissance  du  spectre 
releve.  Dans  un  premier  temps,  on  a  observe  les 
frequences  individuelles  mais  les  experimentations  ont 
montre  qu'une  methode  plus  simple  pouvait  encore  etre 
adoptee.  On  a  finalement  defini  une  fonction  densite  de 
probabilite  par  bandes  de  frequences  allouees.  Cette 
densite  de  probabilite  Pf  (fi)  est  donnee  par  la  relation  : 

Pifi)B(,fi) 

^P{fi)B(Ji) 

i 

dans  laquelle ; 

•  B(fi)  represente  la  largeur  de  bande  de  la  lieme 
bande  allouee  centree  sm  fi. 

•  P(fii)  represente  la  puissance  totale  re?ue  dans  la 
bande  B0). 

Cette  densite  n'est  appliquee  qu'en  dehors  des  bandes  de 
radiodiffiision  ou  uniquement  sur  les  bandes  de 
radiodifiusion.  Ces  deux  options  sont  possibles, 
cependant  les  meilleurs  resultats  sont  obtenus  lorsqu'on 
applique  cette  relation  uniquement  sm  les  bandes  hors 
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radiodiffusion.  On  definit  alors  le  paramtoes  WiF  par  la 
relation : 

n^F Pf(fl) 

i 

qui  represente  le  moment  du  premier  ordre  de  la 
variable  fi.  Ce  paramtoe  niiF  se  trouve  etre  etroitement 
corrde  avec  la  frequence  foF2  de  I'ionosphere. 


syst^matique  le  biais  qui  apparait  lors  de  la  transition 
jour-nuit  dans  I'estimation  de  w;F.  Apr^s  cette 
correction  syst6matique,  les  r^sultats  obtenus  sont  les 
suivants ; 

•  Heart  moyen  de  X:  p'x  =  0,07  IMHz. 

•  Heart  type  moyen  de  X:  g'x  =  0,4  18MHz. 


La  figure  5  repr^sente  deux  enregistrements  efifectues 
par  le  sondeiu  zenithal  de  la  station  de  Poitiers,  et  par 
les  relev6s  du  spectre  d6cam6trique  k  la  station 
STUDIO!.  On  et^  egalement  repr^sentees  les  provisions 
k  long  terme  de  foF2  k  10,  50  et  90%.  On  pent  noter 
I'excellente  correlation  d'ensemble  entre  la  ffOquence 
foF2  mesuree  a  Poitiers  et  le  facteur  mjF  deduit  du 
spectre  decametrique.  On  doit  cependant  remarquer 
que,  lors  de  la  transition  jour-nuit,  entre  15  et  20 
heures,  niiF  est  inferieur  a  foF2.  Ce  rOsultat  a  Ote 
interprOtO  et  corrigO.  Hn  efFet,  si  Ton  reporte  les  points 
tenus  pour  foF2  et  le  facteur  mjF  (figure  6)  on  constate 
que  ces  points  sont  fortement  correles,  ce  qui  explique 
la  bonne  concordance  observOe  siu  la  figure  5. 
Cependant,  on  pent  remarquer  que,  lors  des  transitions 
jour-nuit,  les  points  s'ecartent  notablement  de  la  droite 
de  correlation  parfaite.  En  Europe  occidentale  (Paris)  la 
densite  des  emetteurs  est  plus  forte  dans  la  direction  Est 
que  dans  la  direction  Ouest.  Cette  constatation  a  ete 
mentioimee  des  1990  [5]  si  bien  que  les  resultats  des 
mesures  sont  entaches  par  I'inhomogeite  de  la  transition 
qui  fait  que  le  nombre  d'emissions  non  re?ues  de  la 
direction  Est  est  sensiblement  liee  aux  frequences  foF2 
des  points  de  reflexion  e'est-a-dire  inferieures  a  la 
frequence  foF2  locale.  Ce  biais  est  apparu  de  faQon 
systematique  dans  toutes  les  mesures  qui  ont  ete  faites, 
si  bien  qu'il  a  pu  etre  corrig6.  Pour  estimer  la  pr&:ision 
de  revaluation  ainsi  faite,  nous  avons  introduit  deux 
parametres : 

-  I'xm  representant  I'ecart  entre  la  frequence  critique 
foF2  vraie  et  le  parametre  mjF : 

X  =  foF2vraie  -  w^F 

-  I'autre  representant  I'ecart  entre  la  frequence  critique 
foF2  et  la  frequence  foF2  estimee  par  des  provisions  4 
90% : 

Y  =  foF2vraie  -  foF2  a  90% 


On  a,  pom  chacune  de  ces  quantitOs  X  et  Y,  calcule  siu: 
I'ensemble  des  mesures  effectuees  I'ecart  moyen  et 
I'ecart  quadratique  moyen.  Les  rOsultats  ont  donnO  : 


•  Heart  moyen  de  X : 

•  Heart  type  moyen  de  X : 

•  Heart  moyen  de  Y : 

•  Heart  type  moyen  de  Y : 


p:  =  0,313MHz 
ax  =  0,807MHz. 
KV  =  3,654MHz. 
ay=  l,346MHz. 


L'Oeart  moyen  et  I'Ocart  type  de  X  sont  accrus  par  les 
transitions  jour-nuit,  mais  on  pent  noter  que  les 
resultats  de  revaluation  de  foF2  par  le  parametre  /w/F 
sont  meilleurs  que  ceux  des  provisions  k  long  terme  a 
90%.  Pour  amOliorer  la  provision  on  a  corrigO  de  fa?on 


On  pent  noter  que  ces  demiers  rOsultats  montrent  im 
biais  quasiment  mil  et  im  Ocart  type  sur  X  rOduit  a 
0,4MHz  ce  qui  correspond  a  une  prOcision  moyeime  des 
sondeurs  zOnithaux. 

La  mOthode  de  provision  apparait  done  correcte  pour  la 
ffOquence  critique  foF2. 

V.  -  SYSTEME  OPERATIONNEL  - 

Afin  de  rendre  opOratioimelle  la  mOthode,  un  systOme 
de  provisions  passives  a  OtO  OlaborO.  Le  principe  est 
rOsumO  sur  la  figure  7.  L'hypothese  prise  consiste  a 
mettre  en  relation  un  Ometteur  et  un  recepteur  sans 
qu'ime  communication  prOlable  soit  etablie  entre  ces 
deux  points.  Pour  ceci,  chaque  extremitO  est  OquipOe 
d'un  rOcepteur  permettant,  a  I'aide  d'une  antenne  active 
large  bande,  de  mesurer  le  spectre  panomarique 
dOcamOtrique.  Ces  rOcepteurs,  couplOs  4  un  calculateur 
qui  applique  I'algorithme  prOsentO  prOcOdemment, 
servent  a  commander  le  systeme  de  communication 
constituO  par  un  Ometteur  d'une  part,  un  rOcepteur 
d'autre  part.  L'objectif  fixO  consiste  4  ce  que  I'Ometteur 
et  le  rOcepteur  choississent  de  fa?on  indOpendante  la 
meme  frOquence  pour  Otablir  la  liaison.  Ce  rOsultat  ne 
pent  Otre  obtenu  a  coup  sur,  aussi  un  protocole  de 
recherche  simplifiOe  doit  etre  mis  en  place  dans 
l'hypothese  oil  les  ffOquences  choisies  par  chacune  des 
extremitOs  de  la  liaison  ne  sont  pas  identiques.  Pour 
aboutir  au  choix  de  la  mOme  frOquence  par  les  stations 
d'Omission  et  de  rOception,  il  sufiit  de  vOrifier  que  les 
spectres  mesurOs  soient  identiques.  Pour  cela,  on  a 
efifectuO  des  relevOs  de  spectres  dOcamOtriques  a  la 
station  STUDI02  du  LETTI  situOe  dans  le  Sud  de  la 
France  et  a  la  station  STUDIO  du  LETTI  situOe  dans  la 
rOgion  parisienne.  La  distance  entre  les  deux  stations  est 
de  500  km.  Pour  Ovaluer  la  similaritO  des  spectres,  on  a 
effectuO  des  Otudes  sur  la  puissance  relevOe  dans 
chacune  des  95  bandes  allouOes  par  I'UIT.  On  a 
comparO  ces  rOsultats  relevOs  k  SITJDIO  k  ceux  de 
STUDI02.  La  figure  8  donne  un  exemple  de  relevOs  de 
tels  spectres.  On  pent  remarquer  que  la  droite  de 
rOgression  des  95  points  relatifs  aux  95  bandes  allouOes 
par  I'UIT  est  une  droite  a  45°,  dOcalee  d'environ  9dB 
par  rapport  k  la  premiOre  bissectrice.  Ce  dOcalage  est  du 
au  fait  que  les  antennes  utilisOes  k  chaque  station  ne 
sont  pas  identiques  et  ont  des  hauteurs  effectives 
diffOrentes.  On  doit  remarquer  que  le  dOcalage  ne 
modifie  pas  les  rOsultats  obtenus  par  cette  mOthode, 
Otant  entendu  qu'une  normalisation  de  la  puissance  des 
spectres  est  effectuOe  par  I'introduction  de  la  notion  de 
densitO  de  probabilitO  /ydOcrite  prOcOdemment.  On  doit 


23-5 


noter  rexcellente  correlation  de  ces  points,  qui  indique 
les  spectres  releves  k  450  km  de  distance  demeurent  tres 
coherents.  Le  coefficient  de  correlation  pour 
retablissement  de  cette  droite  de  regression  etant  dans 
tous  les  cas  superieur  a  0,9  et  la  plupart  du  temps 
superiem  a  0,95. 

Ces  resultats  ont  ete  confirmes  par  une  experimentation 
effectuee  entre  deux  stations  distantes  de  300  km.  Dans 
cette  experimentation  un  lot  de  30  frequences  a  ete 
alloue  pour  la  liaison,  et  chaque  extremite  a  recherche 
la  frequence  allouee  assurant  la  meilleure  qualite.  Une 
classification  de  4  autres  frequences  par  ordre 
decroissant  de  la  qualite  evaluee  a  ete  faite. 

Les  resultats  de  cette  campagne  d'experimentation  ont 
montre  que  le  contact  etait  toujours  etabli.  Dans  70% 
des  cas,  le  premier  contact  etait  etabli  pour  la  premiere 
frequence  defmie,  dans  20%  des  cas  pour  la  seconde 
frequence  et  dans  8%  des  cas  pom  la  troisieme, 
quatrieme  ou  cinquieme  frequence.  Ce  resultat  demeure 
valide  pour  un  etablissement  des  liaisons  par  evaluation 
passive  de  la  frequence  critique  foF2. 

Le  systeme  a  ete  implante  dans  un  recepteur  incluant  un 
microprocessem.  Le  programme  de  traitement  a  ete 
stocke  dans  une  memoire  ROM  d'une  capacite  de  200 
koctets. 

VL  -  CONCLUSION  - 

Les  interferences  en  ondes  decameriques  constituent 
une  gene  importante  pour  les  telecommunications.  Une 
modeiisation  du  spectre  des  interferences  a  ete  proposee 
et  verifiee  par  comparaison  avec  des  mesures 
experimentales.  II  est  apparu  un  excellent  accord  entre 
les  mesures  experimentales  et  la  modeiisation 
theorique.  L'utilisation  du  spectre  decametrique  pour 
retablissement  de  previsions  de  propagation  exploitant 
les  modifications  de  ce  spectre  apparait  comme  possible 
et  introduit  une  nouvelle  methode  de  connexion  dans  les 
systemes  operationnels. 

La  methode  eiaboree  est  simple  et  son  experimentation 
a  donne  d'excellents  resultats. 

L'implantation  d'un  systeme  de  prevision  passive  de  ee 
type  dans  les  equipements  de  telecommunications 
apparait  possible  et  contribue  a  revaluation  des  canaux 
en  temps  reel.  La  qualite  des  resultats  obtenus  apparait 
satisfaisante.  Teste  sur  des  liaisons  de  courtes  distances, 
le  succes  de  cette  procedure  est  evident.  Son  extension 
sm  des  liaisons  de  grandes  distances  -  quelques  milliers 
de  kilometres  -  doit  etre  envisagee,  en  considerant  que 
les  mesmes  effectuees  entreraient  dans  un  processus  de 
conection  de  prevision  a  long  terme,  ou  de  programme 
universel  de  type  IRI  90,  qui  permettent  d'avoir  une 
representation  de  I'ionosphere  a  I'echelle  mondiale. 
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FIGURE  1 

Exemple  de  spectre  de  la  bande  decametrique  releve  a  Paris  -  Europe  occidentale 


HF  SPECTRUM  OCCUPRNCY  IN  WESTERN  EUROPE 
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FIGURE! 

Representation  des  probabilites  de  clarte 
relevees  avec  le  systeme  SARABANDE  du  LETTI 
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FIGURES 

Spectres  de  la  bande  decametrique  simules 
Spectres  releves  &  Paris 

January  1990  -  Solar  activity  index  100 
Receiving  site  :  48.8  N  2.3.  E 
Sum  of  the  amplitudes 


FIGURE  4 

Variation  de  la  frequence  critique  foF2 
relevee  par  sondage  zenithal 
et  par  exploitation  du  spectre  decametrique 


Received  field  strenght,  in  dB^iV/m, 
with  respect  to  frequency,  in  MHz 

Relative  Level  in  dB 


RESULTS 


3/10/90 


4/10/90 


Prediction  of  foF2  from  the  spectrum  measured  in  "STUDI02" 
and  comparison  with  measurements  of  "Poitiers" 


foF2  Poitiers 
foF2;STtJDI02 


FIGURES 

Comparaison  de  la  frequence  critique  relevee  a  Poitiers 
par  sondage  zenithal  (foF2)vraie  et 
celle  deduite  du  spectre  decametrique  (ntiF)  a  STUDI02 


IMPROVEMENTS  BROUGHT  BY  THE 
REAL  TIME  CORRECTION 
OF  IONOSPHERIC  PREDICTIONS 


f  (MHz)  b)  Le  18/10(90 
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FIGURE  6 

Correlation  entre  la  frequence  critique 
relevee  a  Poitiers  (foF2)  et  celle 
deduite  du  spectre  decametrique  (mj 


a  STUDIO! 

CORRELATION  BETWEEN  miFet foF2 


FIGURE? 

Dispositif  de  prevision  passive 
dans  un  systeme  de  transmission 

PASSIVE  PREDICTION  SYSTEM 


Correlation  between  mjF  et  foF2 
"STUDI02" 


FIGURE  8 

Comparaison  des  puissances 
relevees  dans  les  95  bandes  allouees  par  rUIT 
a  STUDIO  et  STUDI02  distantes  de  450kms 


5  October  1990  02. 00  U.  T. 
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DISCUSSION 

Discussor’s  name:  P.  Cannon 


Comment/Question: 

You  explained  that  your  system  operated  in  real-time.  Could  you  please  indicate  how  long  the 
computations  take? 


Author/Presenter’s  reply: 

Le  systeme  presente  a  ete  implante  par  une  firme  industrielle  dans  un  prototype  operationnel  qui 
etabli  la  prevision  en  temps  reel.  Le  temps  de  traitement  pour  deduire  du  spectre  la  frequence  de 
trafic  la  plus  probable  est  inferieur  a  la  seconde.  II  faut  ajouter  le  temps  de  releve  du  spectre  qui 
peut  etre  tres  reduit  puisque  le  systeme  doit  scruter  un  nombre  reduit  de  bandes  de  frequences, 
de  I’ordre  de  85,  ce  qui  peut  etre  effectue,  compte  tenu  de  la  faible  resolution  necessaire,  en 
moins  de  30  secondes. 


(Translation: 

The  system  shown  was  installed  by  an  industrial  company  in  an  operational  prototype  which 
established  a  forecast  in  real-time.  The  processing  time  required  in  order  to  deduce  the  most 
likely  frequency  of  trafic  from  the  spectrum  is  less  than  one  second.  You  must  add  the  spectrum 
read  time  which  can  be  very  short  since  the  system  must  examine  a  reduced  number  of  frequency 
bands,  of  the  order  of  85,  which  given  the  low  resolution  necessary,  can  be  carried  out  in  less  than 
30  seconds.) 


Evaluation  de  la  bande  de  coherence  du  canal  de 
transmissions  VHF/UHF  longues  distances 
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Abstract : 

This  paper  deals  with  the  problem  of  coherence  band¬ 
width  of  troposcatter  radio  links  in  the  WHF  frequency 
range.  Partial  reflections  (specular  and  diffuse)  on  tro¬ 
pospheric  sheets  (feuillets)  is  the  propagation  mechanism 
considered.  A  propagation  model  ("ASTRALj,  which  consi¬ 
ders  the  appearance  of  such  rough  surfaces  in  the  com¬ 
mon  volume,  is  then  used.  For  a  given  VHF  link,  a  nume¬ 


rical  integration  allows  the  determination  of  the  received 
power.  In  this  paper,  we  show  that  modelling  the  tropos¬ 
catter  propagation  in  such  a  way  allows  the  evaluation  of 
the  coherence  bandwidth  of  the  channel  by  calculating  the 
power  delay  profile.  Some  numerical  examples  are  given 
and  discussed. 


1  INTRODUCTION 

Pour  la  gamine  de  frequences  VHF  militaire  (30  - 
88  MHz),  les  liaisons  longues  distances  (>  100  km) 
peuvent  etre  realisees  via  la  diffusion  sur  les  trainees  io- 
nisees  produitespar  les  meteores  (80-120  km  d’altitude) 
ou  via  la  diffusion  par  les  heterogeneites  de  I’indice  de 
refraction  de  la  troposphere  (<  10  km  d’altitude).  Bien 
que  la  gamme  VHF  n’ait  pas  ete  classiquement  exploitee 
pour  effectuer  des  liaisons  par  diffusion  tropospherique, 
nous  avons  experimentalement  montre  que  des  portees  in- 
ferieures  a  400  km  peuvent  etre  atteintes  en  utilisant  des 
antennes  elementaires  (dipoles)  et  une  puissance  d’emis- 
sion  de  1  KW  environ  ([11]). 

En  utilisant  un  protocole  de  transmission  adapte  au  carac- 
tere  intermittent  d’ une  telle  liaison,  on  obtient  des  perfor¬ 
mances  superieures  a  celles  du  canal  meteorique,  quelle 
que  soit  la  periode  de  I’annee  [13].  Ce  resultat  signifie 
simplement  que  la  diffusion  tropospherique  est  dominante 
pour  les  courtes  distances  (d  <  400  km)  lorsque  les  an¬ 
tennes  d’emission  et  de  reception  sont  placees  sur  des 
mats  suffisamment  hauts  (20  m  par  exemple). 

On  souhaite  done  estimer  theoriquement  la  fonction  d’ au¬ 
tocorrelation  en  frequence  du  filtre  de  canal  associe  a  la 
diffusion  tropospherique  VHF  afin  d’  obtenir  les  ordres  de 
grandeur  de  la  bande  de  coherence  et  de  la  bande  de  de- 
correlation  du  canal.  Pour  atteindre  cet  objectif,  nous  ex- 
ploitonsun  mod^e  de  propagation  deja  public  [10].  Nous 
exposons  ensuite  un  certain  nombre  de  resultats  de  bandes 


de  correlation  pour  la  gamme  VHF.  Concernant  la  gamme 
UHF,  nous  comparons  les  estimations  theoriques  de  notre 
modele  aux  resultats  disponibles  dans  la  litterature, 

2  DEFINITION  DES  BANDES  DE  CORRELATION 
D’UN  CANAL 

2.1  Fonctions  d ’autocorrelation  en  frequence 

Classiquement,  la  fonction  d’autocorrelation  en  fre¬ 
quence  est  definie  par  la  relation : 


RB{Af)=^^{H’{f,i)H{f+Af,t))  (1) 

La  fonction  aleatoire  H{f,t)  represente  la  fonction  de 
tranfert  equivalente  basse  frequence  du  canal.  Lorsque 
le  canal  est  stationnaire  au  sens  large  en  temps  et  en 
frequence  (classe  des  canaux  WSSUS  [4]),  la  fonction 
■Rh{A/)  est  egale  a  la  transformee  de  Fourier  du  profil 
puissance  -  retard  u{t)  : 


/-l-CXD 

-CO 


(2) 


Les  bandes  de  correlation  cherchees  seront  definies  a  par- 
tir  du  coefficient  de  correlation  lie  a  (A/) : 


pH  = 


\RH{Af)\ 

I^h(0)| 


(3) 
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Les  experimentations  realisees  dans  les  annees  70  me-  tauxd’erreur  egal  a  10“^  ouquelques  10“^.  II  est  donclo- 
suraient  la  fonction  d’ autocorrelation  d’enveloppe  giquede  definir  la  bande  de  coherence  5c  par  la  relation  • 
REi^f)  : 


RE{Af)  =  ^{\H{f,t)\.\H{f+Af,t)\)  (4) 

On  pent  montrer  ([8],  [5])  que  le  coefficient  de  corrdation 
Pb  associe  a  RE{^f)  s’exprime  en  fonction  de  pn  '■ 


PE 


(1  +  Ph)E 


l+PH_ 


2 


rr 

*> 


(5) 


E  represente  I’integrale  elliptique  complete  de  seconde 
espece. 

Le  developpement  limite  de  cette  fonction  fournit  une  tres 
bonne  approximation  de  I’expression  exacte  pour  toutes 
les  valeurs  d&  pn  comprises  entre  0  et  1 : 


PB  ~  0.915p| -1-  0.0572/9^  (6) 

Ce  resultat  justifie  la  relation  pE  —  Ph  implicitement  uti- 
lisee  dans  differents  articles  [6], 

Pour  etablir  la  relation  (5),  il  est  necessaire  de  supposer 
que  les  enveloppes  complexes,  liees  aux  differents  echos 
discernables  regus,  sont  des  fonctions  aleatoires  gaus- 
siennes  complexes  et  mutuellement  independantes. 

2.2  Bandes  de  correlation 

La  bande  de  correlation  Bcor{ct)  est  estimee  par  la  rela¬ 
tion  : 


p//[5c]~0.9  (9) 

Dans  la  litterature,  cette  bande  de  coherence  est  frequem- 
ment  definie  pour  des  valeurs  de  a  egales  a  1/e  ou  0.5.  En 
fait,  la  bande  passanteobtenue  pour  a  =  O.Sestsuffisante 
pour  que  les  techniques  de  diversite  soient  efficaces  :  on 
obtient  ainsi  une  definition  possible  de  la  bande  de  decor¬ 
relation  Bde  du  canal : 


Pi/[5de]~0.5  (10) 


r  PiT  [5cc>r  (<a)]  — 

^  0  <  a< 1  ^  ’ 

D’une  maniere  generale,  la  bande  de  coherence  represente 
I’ecart  maximum  en  frequence  entre  deux  porteuses  pour 
lequel  les  evanouissements  des  signaux  re9us  demeurent 
suffisamment  correles. 

En  presence  de  multitrajets,  la  superposition  temporelle 
des  symboles  re9us  (evanouissement  sdlectif)  produit  un 
taux  d’erreur  irreductible  qui  impose  une  limite  a  la  vi- 
tesse  de  modulation  R  lorsque  Eon  realise  une  transmis¬ 
sion  numerique  classique.  Pour  des  canaux  WSSUS  com¬ 
plexes  gaussiens  et  pour  des  modulations  de  phase  a  deux 
etats,  on  peut  estimer  la  valeur  de  R  pour  laquelle  un  taux 
d’erreur  irreductible  de  10“^  est  atteint.  ([3],  [1],  [7]): 

Rmax{E  bit/s)  =  y-—  (8) 

o-t{ps) 

Kr  ~  50  —  80 

cTj ;  etalement  temporel  du  aux  multitrajets. 

L’ experience  montre  que  la  valeur  de  la  bande  de  correla¬ 
tion  5  0.9  est  proche  de  la  valeur  de  Rmax  associee  a  un 


Fig.  1  -  Definition  des  bandes  de  correlation 

Si  I’on  souhaite  obtenir  des  definitions  equivalentes  pour 
des  bandes  estimees  avec  le  coefficient  de  correlation 
d’enveloppe,  il  est  evidemment  necessaire  de  prendre  en 
compte  la  relation  pE  tE  pjj. 

3  MODELE  DE  PROPAGATION  EXPLOITE 

Les  niveaux  de  champ  refus  lors  de  liaisons  troposphe- 
riques  transhorizons  peuvent  s’ interpreter  par  la  presence 
d’irregularites  de  1’  indice  de  refraction.  Lors  d’une  liaison 
radioelectrique,  seules  les  irregularites  dont  la  taille  est  en 
relation  d’adaptation  avec  les  vecteurs  d’onde  incident  et 
reflechi  (analogie  avec  la  diffusion  de  Bragg)  contribuent 
a  I’energie  re^ue.  Lorsque  les  frequences  de  la  gamme 
VHF  sont  utilisees,  les  irregularites  selectionnees  se  si- 
tuent  dans  la  zone  anisotrope  du  spectre  de  I’indice  de  re¬ 
fraction.  Cette  anisotropie  peut  etre  decrite  par  la  presence 
de  feuillets  tropospheriques,  caracterises  par  une  discon- 
tinuitedu  gradient  de  I’indice  de  refraction  entre  deux  al¬ 
titudes  heth  +  Ah.  La  discontinuites’etale,  horizontale- 
ment,  sur  des  dimensions  tres  grandes  devant  I’epaisseur 
Ah  du  feuillet  (figure  2). 

Le  principe  de  la  modelisation,  qui  a  ete  decrit  dans  [10], 
repose  sur  les  bases  suivantes :  a  un  instant  fixe  f  o .  on  sup¬ 
pose  que  le  signal  re^u  S{to)  est  du  a  des  reflexions  sur  des 
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feuillets  tropospheriques  dont  la  localisation  est  aleatoire 
dans  le  volume  common  de  la  liaison.  Le  signal  regu  peut 
done  s’ecrire  sous  la  forme  suivante : 


Sito)  =  '^Sie^‘^‘  (11) 

i  =  l 

ou  Si  est  le  module  du  signal  associe  a  chaque  reflexion 
et  est  la  phase  associee. 

La  puissance  du  signal  regu  est  donnee  par  la  somme 
des  puissances  des  signaux  associes  a  chaque  reflexion, 
si  Ton  considere  I’independance  des  phases  (/>,•  ainsi  que 
leur  equirepartition  dans  I’intervalle  [0, 27r],  L’ expression 
finale  de  la  puissance  regue  peut  alors  se  mettre  sous 
une  forme  integrale,  laquelle  fait  apparaitre  la  probabilite 
d’apparition  par  unite  de  volume  Pa{P)  d’un  feuillet  lo¬ 
calise  par  un  point  P  du  volume  common  : 


Pr  =  (55*)=  /  Pr{P)P,{P)dV  (12) 
Jv 


Fig.  2  -  Definition  des  parametres  decrivant  un  feuillet: 
epoisseiir  ^h,  grcidient d  indice defini par ^n,  dimension 
longitudinale  La  surface  rugueiise  ^  associee  est  de- 
finie  par  I’ecart  type  des  rugosites  a  et  sa  longueur  de 
correlation  T.  L'angle  6^  definit  I’angle  d‘ incidence  de 
I’onde  et  00  I’angle  d’ observation  dans  le  plan  d’ inci¬ 
dence. 

L’ integrale  se  decompose  en  une  contribution  I,  due 
a  la  reflexion  speculaire  (feuillet  plan)  et  une  seconde 
due  a  la  reflexion  diffuse : 


ouPr{P)  est  la  puissance  rdflechie  par  un  feuillet  localise 
en  P,  et  V  est  le  volume  common  de  la  liaison. 

Les  feuillets  sont  consideres  comme  des  surfaces  ru- 
gueuses  definies  parl’ecart  type  cr  et  la  longueur  decorre¬ 
lation  T.  devaluation  de  Pr(P)  peut  s’effectuer  a  I’aide 
de  la  formulation  de  Kirchhoff  associe  au  probl^me  de  la 
reflexion  d’une  onde  sur  une  surface  rugueuse,  tout  en  te¬ 
nant  compte  de  I’ensemble  des  caracteristiques  aleatoires 
des  feuillets  tropospheriques:  le  gradient  d’indice  defini 
par  An,  I’epaisseur  Ah,  et  les  dimensions  horizontales 
et  Ly .  Le  resultat  obtenu  est  le  suivant : 


Pr{P)=Kf  {0^,02,  P){RR*)Im  (13) 


OU  K  est  un  coefficient  faisant  intervenir,  entre  autres, 
les  gains  d’antennes;  / (0i  ,02,(3)  est  une  fonction  depen¬ 
dant  de  Tangle  d’incidence  0i  et  des  angles  d’observation 
02,(3',  R  est  le  coefficient  de  reflexion  de  Fresnel  deter¬ 
mine,  pourun  feuillet  donne,  a  partirde  Tepaisseur  A/i  de 
celui-ci.  Si  Ton  considere  une  densite  de  probabiliteexpo- 
nentielle  decroissante  pour  A /i,  de  moyenne  H,  le  coeffi¬ 
cient  de  reflexion  de  Fresnel  quadratique  moyen  est  donne 
par: 


(PP*) 


4Hk^a^ 


ka  arctan(2);aP)  -  ~  ln(l  -|-  ik^a'^H-) 


(14) 


et  a  =  cos(0i). 


Im  =  I,  +  Id  (15) 

La  reflexion  diffuse  sur  la  surface  rugueuse  s’evalue  d’une 
maniere  classique  [2]  tandis  que  le  calcul  de  R  doit  s’ef¬ 
fectuer  au  deuxieme  ordre  pour  tenir  compte  du  fait  que 
les  dimensions  des  feuillets  sont  du  meme  ordre  de  gran¬ 
deur  que  celles  des  zones  de  Fresnel.  Pour  une  taille  de 
feuillet  donnee,  de  dimensions  longitudinale  et  trans¬ 
verse  Ly ,  on  obtient : 


tjx.Ly  k“k'^  ^(^1 )  ^’2j  I'x)TL(^k2 ,  A:4,  Ly) 


(16) 


avec 


n(a,  b,  L)  = 


<E> 


26  a 


— (P-— ) 
26^^, 


oij  ^>  =  C  -f  iS,  C  et  S  sont  les  integrales  de  Fresnel 
cosinus  et  sinus,  ki,  k2,  k^  et  k^  sont  des  constantes  s’ex- 
primant  en  fonction  des  angles  0i ,  02  et  /?. 

La  moyenne  I,  s’obtient  en  integrant  numeriquement 
Texpression  (16)  pour  toutes  les  valeurs  probables  de  L^ 
et  Ly  en  considerant  une  densite  de  probabilite  gaus- 
sienne. 

Finalement,  la  determination  theorique  de  la  puissance 
regue  lots  de  liaisons  tropospheriques  longues  distances 
s'effectue  en  evaluant  la  relation  (12)  par  integration  nu- 
merique  a  travers  le  volume  commun.  Les  diagrammes  de 
directivitedes  antennes  ainsi  que  certains  problemes  clas- 
siques  de  diffraction  sont  pris  en  compte  par  Tinterme- 
diaire  de  la  constante  K  de  la  relation  (13). 

Ce  modele  de  propagation,  denomme  ASTRAL,  a  ete 
confronte  a  des  resultats  experimentaux  obtenus  dans  la 
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gamme  de  frequence  VHF  basse  [11],  Les  trois  liaisons 
etudiees  correspondent  a  des  distances  comprises  entre 
300  et  500  km.  La  figure  3  represente  le  diagramme  de  dis¬ 
persion  entre  les  resultats  numeriques  et  les  resultats  ex- 
perimentaux  obtenus.  On  observe  une  concordance  satis- 
faisante  entre  theorie  et  experience. 


Fig.  3  -  Dispersion  midianes  mesurees  —  medianes  cal- 
culees.  Experimentation  du  1/10/92  au  1/10/93 

4  CALCUL  DU  PROFIL  PUISSANCE -RETARD 
4.1  Interpretation  physique 

L’ analyse  des  variations  temporelles  de  la  puissance  totale 
re9ue  montre  que  le  nombre  de  diffuseurs  simultanement 
presents  est  reduit  (2  ou  3,  voir  figure  4)  et  que,  sur  un  in- 
tervalle  de  temps  de  I’ordre  d’une  minute,  le  signal  regu 
n’est  pas  stationnaire  (figure  5). 


Fig.  4  -  Exemple  de  signal  regu 

II  est  cependant  possible  de  selectionner  des  intervalles 
temporels,  non  necessairement  adjacents,  pour  lesquels 
la  stationnarite  au  sens  large  est  acquise.  On  pourrait 
done  realiser  une  experimentation  permettant  d’evaluer 
Np  profils  puissance  -  retard  Uj(r)  lies  a  ces  intervalles. 


Dans  le  cadre  du  modele  de  canal  precedemment  decrit, 
une  function  Uj('r)  peut  etre  vue  comme  une  realisation 
d’une  fonction  aleatoire  decrite  par  un  ensemble  de  pa- 
rametres  physiques  consideres  comme  des  variables  alea- 
toires.  En  supposant  que  les  Np  profils  representent  cor- 
rectement  les  realisations  statistiques  du  modele  (voir  pa- 
ragraphe  3),  la  moyenne  d’ ensemble  calculee  peut  etre 
simplement  estimee  par  la  relation : 

1 

(w(^))  =  (17) 

P  j=i 

Le  modele  permet  done  d’evaluer  un  profil  puissance  — re¬ 
tard  moyen  experimentalement  mesurable. 


Fig.  5  -  Exemple  de  signal  regu 
4.2  Methode  d’evaluation 

II  s’agit  d’exploiter  le  modele  de  propagation  precedem¬ 
ment  decrit  en  montrant  que  le  profil  puissance  -  retard 
peut  etre  determine  d’une  maniere  rigoureuse.  Pour  cet 
objectif,  on  utilise  le  fait  que  la  puissance  re9ue  entre  les 
instants  r  et  r  -|-  dr  est  due  a  I’ensemble  des  diffuseurs  si- 
tues  entre  les  deux  ellipso'ides  de  foyers  constitues  par  les 
points  d’emission  et  de  reception,  de  demi  petits  axes  6  et 
b  +  db  tels  que : 

(18) 

OU  F  est  la  demi  distance  focale  et  c  la  vitesse  de  la  lu- 
miere. 

La  figure  6  represente  la  geometrie  du  probleme.  Si 
Pr[b)db  est  la  puissance  regue  due  aux  diffuseurs  situes 
entre  ces  deux  ellipsoides,  on  obtient: 

Pr{b)db  =  u(r)dr  (19) 

Soit  Vb  le  volume  compris  entre  les  deux  ellipsoides.  De  la 
meme  maniere  que  dans  le  paragraphe  3,  Pr{b)db  s’eva- 

lue  enintroduisantlaprobabilitePo(-P)  d’apparitiond’un 
diffuseur  par  unite  de  volume : 
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Fig.  6  -  Geometrie  du  problkme 
Pr{b)db^  [  Pr{P)P,iP)dVk  (20) 

JVb 

On  definit  Sb  !a  surface  ellipsoTdale  associee  a  Tellipsoide 
de  demi  petit  axe  b.  La  relation  (20)  se  simplifie  alors : 


5  RESULTATS  OBTENUS  DANS  LA  GAMME  VHF 

Les  calculs  ont  ete  realises  pour  la  frequence  de  40  MHz 
et  des  antennes  d’emission  -  reception  identiques,  consti- 
tuees  d’un  dipole  place  sur  un  mat  de  1 8  metres  de  haut. 
On  rappelle  qu’il  est  necessalre  d’elever  les  antennes  au- 
dessus  du  sol  afin  d’obtenir  un  maximum  de  rayonnement 
suffisamment  bas  sur  I’horizonpour  que  les  mecanismes 
de  propagation  exploites  soient  efficaces.  Les  profils  puis¬ 
sance  -  retard  ont  ete  calcules  pour  les  distances  de  300, 
400  et  500  km  (figure  7).  Ces  fonctions  ont  ete  evaluees  en 
prenant  en  compte  les  gains  des  antennes  d’emission  et  de 
r&eption.  La  fonction  u{t)  etant  supposee  normee  pour 
obtenir  une  densite  de  probabiliteri(r),  on  definit  I’etale- 
ment  temporel  par  I’expression : 


1 

■  pco 

11 

b 

/  T^u{T)dT  — 

Jo 

/  Tu{T)dT 

■Jo 

(23) 


Pr{b)  =  /  Pr[P)Pa{P)dSb  (21) 

L’ expression  du  profil  puissance  -  retard  ri(7-)  s’exprime 
finalement  par  la  relation : 

u{t)  =  f  P,(P)P,{P)dSb 

Js,  (22) 

Cette  expression  signifie  que  le  profil  puissance  -  retard 
s’evalue  en  integrant  la  relation  (13)  a  travers  les  diffe- 
rentes  surfaces  ellipsoidales  Sb-  Du  point  de  vue  nume- 
rique,  pour  evaluer  cette  expression,  il  est  pratique  d’uti- 
liser  les  variables  d’integration  x  et  y  du  plan  Siy  perpen- 
diculaire  au  plan  du  grand  cercle  et  contenant  les  points 
d’emission  et  de  reception  (voir  figure  6). 


Les  coefficients  de  correlation  en  frequence,  directement 
obtenus  a  partir  des  profils  puissance  -  retard,  permettent 
de  calculer  les  bandes  de  correlation  (figure  8).  On  remarque 
que,  pour  ces  configurations  de  liaisons,  les  bandes  de  cor¬ 
relation,  a  une  distance  dj.  peuvent  etre  evaluees  partir 
de  la  connaissance  des  bandes  de  correlation  a  la  distance 
di  avec  la  relation  empirique : 


Bcorid^)  =  Bcoridi)'^  (24) 

“2 

La  figure  9  permet  d’obtenir  une  representation  simulta- 
nee  des  evolutions  avec  la  distance  de  I’etalement  tempo¬ 
rel  at  et  des  bandes  de  correlation  Be  et  Bds  ■ 


Retard  relatif  ( ) 


Frequence  (MHz) 


FlO.  7  -  Profils  puissance  —  retard  pour  trois  liaisons  a. 
300,  400  et  500  km.  La  frequence  utilisee  est  de  40  MHz 
et  les  antennes  sont  contituies  de  dipoles  places  d  18  m 
au-dessus  du  sol. 


Fig.  8-  Fonctions  de  correlation  en  frequence  pour  trois 
liaisons  d  300,  400  et  500  km.  La  frequence  utilisee  est  de 
40  MHz  et  les  antennes  sont  contituees  de  dipoles  places 
d  18  m  au-dessus  du  sol. 


24-6 


300.0 


5  200.0  h 


100.0  h 
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Fig.  9  -  Bandes  de  coherence  et  bandes  de  decorrela¬ 
tion  fonction  de  I'ecart  type  du  profit  puissance  -  retard. 
La  frequence  iitilisee  est  de  40  MHz  et  les  antennes  sont 
contituees  de  dipoles  places  a  18  m  au-dessus  du  sol. 


frequence 

distance 

Gain 

d’antenne 

liaison  1 

900  MHz 

271  km 

36.5  dBi 

liaison  2 

4.6  GHz 

199  km 

41.7  dBi 

mesures 

theorie 

liaison  1 

1.59  MHz 

2.55  MHz 

liaison  2 

1.8  MHz 

2.75  MHz 

Tab.  1  -  Comparaison  theorie  -  mesures  de  la  bande  de 
correlation  Bear  (0.63).  Les  resultats  experimentaux  sont 
fournis  dans  [6]  et  [9] 

Le  tableau  1  donne  les  bandes  de  correlation,  theoriqueet 
experimentale,  pour  pH  =0.63,  associees  a  deux  liaisons 
a  900  MHz  et  4.6  GHz.  Ne  disposant  pas  de  toutes  les  don- 
nees  relatives  k  ces  experimentations,  nous  ne  nous  inte- 
ressons  qu’a  I’ordre  de  grandeur  des  resultats  obtenus. 

Les  mesures  presentees  dans  [6]  et  [9]  sont  relatives  a  la 
correlation  d’enveloppe.  Pour  comparer  aux  valeurs  theo- 
riques  de  bande  de  correlation,  le  coefficient  de  correla¬ 
tion  ph  a  ete  evalue  en  utilisant  la  relation  pE  —  p~h- 
L’ accord  theorie  -  experience  est  satisfaisant. 


6  DISCUSSION  DES  RESULTATS 

Le  probleme  de  la  validation  des  resultats  obtenus  est  deli- 
cat  a  traiterpuisque,  actuellement,  aucune  mesure  de  bandes 
de  correlation  n’est  disponibledans  la  gamme  VHF. 

Cependant,  la  validation  du  modele  de  propagation  exploite 
dans  cette  gamme  de  frequences  donne  de  serieuses  indi¬ 
cations  sur  la  qualite  des  calculs  de  bandes  de  correlation 
effectues.  En  effet,  les  bandes  de  correlation  sont  determi- 
nees  a  partir  du  calcul  du  profil  puissance  -  retard,  lequel 
est  fixe  par  la  repartition  spatiale  de  I’efficacite  des  diffu- 
seurs  potentiellement  presents  (variation  de  Pr{P)  dans 
le  volume  commun).  Or,  cette  repartition  determine  (apres 
integration)  le  bilan  de  liaison  theorique  et,  par  consequent, 
la  variation  parametrique  de  celui-ci  (variation  en  fonc¬ 
tion  de  la  distance,  la  frequence,  les  hauteurs  d’ antennes, 
etc  . . .  ).  Les  etudes  passees  [10]  ont  montre  que  le  mo¬ 
dele  de  propagation  offre  des  variations  paramdtriques  com¬ 
parables  a  celles  donnees  par  d’autres  modeles  (NBS  101 
[12]).  La  confrontation  du  modele  a  des  resultats  experi¬ 
mentaux  (figure  3)  a  permis  de  confirmer  ce  resultat. 

On  peut  done  raisonnablement  penser  que  le  calcul  de  la 
repartition  spatiale  de  I’efficacitd  des  diffuseurs  potentiels 
est  correcte  dans  une  gamme  de  frequences  au  moins  egale 
a  celle  consideree  lors  de  la  validation  experimentale  du 
modele. 

Le  realisme  des  profils  puissance  -  retard  calcules  pour  la 
gamme  de  frequences  VHF  apparait  done  comme  une  im¬ 
plication  directe  de  cet  etat  de  fait. 

En  dehors  de  cette  gamme  de  frequences,  un  certain  nombre 
de  resultats  experimentaux  sur  les  bandes  de  correlation 
sont  disponibles dans  la  litterature  [6] ,  [9] .  Cependant,  tous 
ne  sont  pas  utilisables  pour  notre  objectif  de  validation  car 
il  faut  veiller  a  ce  que  les  frequences  utilisees  se  situent 
dans  le  domaine  de  validite  du  modele  de  propagation  (re¬ 
flexions  partielles). 


7  CONCLUSION 

Pourlebas  de  la  gamme  VHF,  les  mdcanismes  de  propaga¬ 
tion  presents  dans  les  liaisons  tropospheriques  transhori¬ 
zons  sont  differents  de  ceux  des  gammes  UHF  /  SHF,  Afin 
de  prendre  en  compte  ces  mecanismes,  le  modele  physique 
de  canal  ASTRAL  a  ete  developpe  et  valide.  Nous  avons 
modifie  ce  modele  afin  d’obtenir  les  profils  puissance  - 
retard  a  partir  desquels  les  bandes  de  correlation  du  ca¬ 
nal  peuvent  etre  estimees.  Les  valeurs  obtenues  permet- 
trontd’optimiserles  caracteristiques  de  transmissions  nu- 
meriques. 
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1.  SUMMARY 

Position  data  obtained  by  use  of  the  Global 
Positioning  System  form  basic  components  in  a 
myriad  of  military  and  commercial  systems.  These 
range  from  navigating  harbors  and  oceans  to 
determining  aircraft,  rocket,  and  satellite  positions. 
The  users  of  GPS  envisage  automatic  and  routine 
communication  of  results  of  position  data  for  control 
and  location  of  resources.  Propagation  studies  to 
support  these  needs  require  the  evaluation  of 
problems  of  finding  the  position  of  ground,  naval 
and  airborne  units  and  then  communicating  the 
data.  The  area  addressed  by  this  paper  outline  the 
problems  of  global  fading  of  signals  for  both  the 
GPS  system  and  the  satellite  communication 
systems  at  250  MHz  which  are  used  to  communicate 
and  integrate  results.  For  GPS  frequencies  (1.2  GHz 
and  1.6  GHz)  difficulties  will  be  encountered  in  the 
auroral  region  during  magnetic  storms  during  all 
phases  of  the  sunspot  cycle.  The  equatorial  and 
polar  regions  will  become  important  by  the  end  of 
the  millenium  when  the  sun  will  exhibit  maximum 
activity.  The  data  base  for  evaluating  the  effects  of 
the  ionosphere  on  gigahertz  scintillation  is  small  but 
will  be  outlined  in  this  paper.  The  effects  of  F  layer 
ionospheric  irregularities  on  communication  links  at 
250  MHz  are  considerable  even  during  the  current 
solar  minimum.  The  data  base  for  ionospheric 
effects  on  satellite  communication  systems  at  250 
MHz  is  large  and  will  be  only  briefly  outlined;  much 
of  the  material  is  in  various  publications.  It  should 
be  noted  that  transmissions  for  the  IRIDIUM  series 
of  satellites  are  in  the  same  frequency  band  as  the 
GPS  transmissions  and  will  be  affected  by  F  layer 
scattering. 

2.  INTRODUCTION:  THE  MANY 
USES  OF  THE  GLOBAL 
POSITIONING  SYSTEM 

Everyone  in  communications  and  navigation  is  fully 
aware  of  the  enormous  growth  of  useage  of  GPS, 
ranging  from  surveying  to  plotting  hiking  trails  in 
snow  areas.  Recently  for  example  the  Argentine 


government  in  order  to  control  fishing  in  their 
territorial  waters  would  require  positions  of  fishing 
boats  to  be  automatically  reported  to  a  surveillance 
center.  These  uses  of  GPS  with  relatively 
unsophisticated  equipment  might  be  subject  to 
receiver  problems  in  certain  regions  of  the  globe.  In 
addition  this  paper  will  be  relevant  to  INMARSAT 
and  proposed  L  Band  satellite  systems  for  cellular 
phones;  these  systems  might  encounter  similar 
ionospheric  problems  as  those  described. 

As  the  Global  Positioning  System  signals  at  1.6  and 
1.2  GHz  traverse  the  ionosphere,  scattering  of 
energy  takes  place  due  to  irregularities  in  the 
ionosphere,  primarily  at  heights  from  200-600  km. 
The  scattering  produces  both  fading  and 
enhancements  of  the  signal.  The  primary  regions  of 
the  globe  of  concern  to  GPS  users  include  auroral 
latitudes  during  severe  magnetic  storms,  and  both 
polar  latitudes  and  equatorial  regions  during  solar 
maximum  years.  The  regions  encumbered  by  the 
phenomenon  are  best  shown  by  the  updated 
schematic  of  Figure  1;  significant  scintillation  fading 
depth  is  depicted  during  solar  maximum  years. 

There  is  an  enormous  difference  between  the  fading 
experienced  in  years  of  solar  maximum  compared  to 
years  of  solar  minimum.  In  one  area,  the  anomaly 
region  of  the  equator,  there  should  be  relatively 
sparse  periods  of  significant  scintillation  experienced 
on  GPS  receivers  during  the  lowest  part  of  the 
sunspot  cycle.  Deep  amplitude  fading  will  exist  in 
years  of  high  solar  flux  and  it  will  exist  in  those  years 
at  high  latitudes.  With  the  sunspot  cycle  having 
peaked  in  1989-1990  and  at  a  minimum  in  1995, 
there  is  limited  interest  at  this  time.  Beginning  with 
1999,  with  the  advent  of  the  third  millennium, 
fading  will  once  again  become  of  importance  in  the 
equatorial  and  high  latitude  regions. 

Scintillation  occurrence  of  magnitude  significant  for 
GPS  users  is  NOT  encountered  often  during 
daylight  hours  in  the  equatorial  region.  In  middle 
latitudes  on  occasion  under  specific  propagation 
conditions,  scintillation  at  GPS  frequencies  does 
occur;  it  is  relatively  rare. 
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3.  THE  NATURE  OF 
SCINTILLATION  ACTIVITY 

One  can  observe  fading  at  GPS  frequencies  (1.2  and 
1.6  GHz)  by  examining  the  amplitude  of  GPS 
signals  and  satellite  transmissions  at  L  Band  and 
higher.  In  Figure  2  fading  at  1.5  GHz  is  shown. 
When  the  fading  falls  into  noise,  bits  will  be  lost  in 
the  data  stream.  How  these  effects  will  affect  each 
GPS  receiver  acquisition  capability  and  its 
positioning  accuracy  is  not  well  known.  There  are 
two  phases  of  reception.  One  is  acquisition  in  which 
a  stream  must  be  matched  in  the  receiver.  For  this 
function,  loss  of  digits  could  be  a  problem.  For 
evalution  of  the  fading’s  impact  on  acquisition,  the 
time  spent  below  the  noise  level  is  the  crucial  factor; 
the  fading  spectrum  must  be  evaluated.  Once  the 
signal  is  acquired,  a  flywheel  technique  may  keep  the 
signal  as  a  data  source  even  with  amplitude  fading. 

In  addition  to  the  effects  of  amplitude  fading,  the 
rate  of  change  of  phase  will  at  times  bring  the  signal 
beyond  the  narrow  bandwidths  being  used.  How  the 
phase  fluctuations  affect  the  signal  of  a  particular 
receiver  in  tracking  mode  and  in  terms  of  error  and 
position  fluctuations  is  not  known.  In  any  event  the 
characteristics  of  the  receiver  are  quite  relevant  to  a 
particular  use.  Small  hand  held  receivers  with 
relatively  low  signal  to  noise  ratios  may  be  affected 
differently  than  those  with  more  gain  in  the  system. 
Even  the  number  of  satellites  used  by  any  receiver  is 
relevant  since  in  some  areas  such  as  the  equatorial 
anomaly,  some  ground  to  satellite  propagation  paths 
have  little  scintillation  on  the  signal  while  others 
may  produce  20  dB  fades. 


4.  THE  EQUATORIAL  REGION 

Figure  1  represents  a  late  revision  of  a  pattern  that 
has  been  presented  before.  The  areas  where 
problems  might  be  encountered  are  the  polar, 
auroral  and  the  equatorial  regions.  We  shall 
concentrate  on  equatorial  effects.  Probably  the  area 
to  be  most  seriously  affected  is  the  region  near  the 
magnetic  equator.  The  equatorial  region  has  to  be 
divided  into  two  areas,  i.e.,  the  area  near  the 
magnetic  equator  and  the  equatorial  anomaly 
region.  The  latter  encompasses  a  swath  of  over  5 
degrees  centered  on  a  magnetic  latitude  of  15 
degrees  North  and  South  of  the  magnetic  equator. 
Deep  fading  over  many  hours  has  been  experienced 
in  the  anomaly  region. 

The  ionospheric  structure  principally  responsible  for 
the  scattering  is  a  plume  of  irregularities  extending 
above  the  magnetic  equator.  At  the  magnetic 
equator,  just  before  sunset,  the  F  layer  peak  in 
electron  density  rises  in  altitude.  Its  descent,  in  the 


post-sunset  time  period,  marks  the  time  of 
development  of  the  plume  which  contains 
irregularities  of  the  order  of  1  kilometer  and  smaller. 
The  plume  develops  from  a  thin  layer  into  a  layer 
which  at  times  extends  to  beyond  1500  km.  Locally 
generated  irregularities  commence  roughly  an  hour 
after  sunset  but  irregularities  at  L  band  continue  up 
to  midnight  for  the  most  part.  Horizontal  winds 
bring  the  plumes  into  the  field  of  view  from  regions 
to  the  west. 

The  turbulence  generated  at  the  magnetic  equator 
maps  along  the  earth’s  magnetic  field  lines  to  the 
north  and  to  the  south.  Irregularities  are  produced 
at  the  maximum  height  of  the  F  layer  at  latitudes 
distant  from  the  magnetic  equator.  The  effect  of  the 
plumes  is  felt  along  the  lines  of  force  of  the  earth’s 
field  so  that  at  distant  latitudes  irregularities 
develop.  For  example  what  is  above  the  magnetic 
equator  at  700  km  produces  irregularities  at  the  300 
km  altitude  at  a  distance  from  the  magnetic  equator. 

Once  formed  the  plumes  move  eastward  with 
velocities  initially  of  the  order  of  100-200  meters  per 
second.  At  anomaly  latitudes,  the  depletions 
occasionally  bifurcate  as  will  be  shown  in  a  later 
diagram.  Even  during  periods  of  intense  irregularity 
development  the  separation  of  irregularity  patches 
will  allow  gaps  in  the  anomaly  regions. 

The  most  striking  data  set  on  gigahertz  scintillations 
for  the  anomaly  region  comes  from  Fang  and  Liu, 
1982.  In  Figures  3a  and  3b,  fluctuations  at  4  GHz 
up  to  4  dB  in  fades  and  7.5  dB  peak  to  peak  are 
shown,  along  with  the  percentage  of  occurrence  of 
scintillations  >2  dB  for  years  of  high  solar  flux. 

From  Hong  Kong  records  several  facets  of 
irregularity  development  can  be  found.  Figure  3a 
shows  peak  to  peak  excursions  of  received  signals 
and  include  both  enhancement  of  signal  and  fading. 
Peak  to  peak  excursions  of  6  dB  at  4  GHz  means 
that  excursions  at  1.6  GHz  will  be  over  30  dB  peak 
to  peak.  The  top  panel  records  the  down  link  in 
Hong  Kong  transmissions  from  a  satellite  over  the 
Indian  Ocean;  the  bottom  panel  records  are  of 
satellite  reception  of  a  satellite  that  is  over  the 
Pacific  Ocean.  This  particular  night  was  active  but 
the  dimensions  and  intensity  of  the  irregularity 
structure  differ  on  the  two  paths. 

Near  110  degrees  E,  Frank  and  Liu  (1982)  in  Figure 
3b  report  that  the  occurrence  of  4  GHz  scintillation 
activity  is  predominantly  in  the  equinoctial  months. 
From  Figure  3b  one  can  note  that  the  percentage 
occurrence  increases  as  we  go  to  higher  solar  flux 
from  1978  to  1980.  Secondly  the  Indian  Ocean  link 
shows  lower  occurrence  than  the  Pacific  Ocean  Link. 
It  should  be  noted  that  as  of  this  time  there  are  no 
absolute  measurements  in  this  field.  Various 
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parameters,  propagation  angle,  contamination  with 
tropospheric  activity  etc.  have  to  be  evaluated 
before  absolute  levels  are  available. 

To  illustrate  effects  in  the  gigahertz  portion  of  the 
spectrum,  results  from  a  campaign  of  19  days  to 
Ascension  Island  in  the  solar  maximum  year  of  1981 
will  be  shown.  Ascension  Island  is  located  at  15 
degrees  West  Longitude  and  is  in  the  anomaly 
region.  The  aim  of  the  campaign  was  to  study  the 
effects  of  the  anomaly  region  during  a  year  of  high 
solar  flux.  The  solar  flux  during  the  period  was 
between  180  and  210,  a  high  figure  although  later  in 
the  year  there  were  flux  levels  of  250-300  reported 
for  a  period  of  days. 

A  single  plume  at  latitudes  distant  from  the 
magnetic  equator  appears  often  as  a  series  of 
patches.  One  method  of  determining  patch 
dimensions  stems  from  all-sky  recordings  of  the 
depletions  of  the  normal  sky  airglow.  In  the  case 
Used  (Figure  4a)  observations  were  of  the  6300A  line 
of  oxygen.  The  optical  images  of  these  observations 
(Mendillo  and  Tyler,  1983)  can  be  related  to  patch 
parameters.  In  Figure  4a  one  can  see  the  projection 
of  the  image  to  heights  near  the  magnetic  equator. 

It  can  be  seen  that  what  was  a  single  patch  on  the 
magnetic  equator  has  at  the  anomaly  latitudes 
broken  into  several  patches.  In  Figure  4b  (Aarons  et 
al.,  1983)  the  path  of  GPS  Satellite  9  is  shown 
relative  to  the  depletion  patches.  Figure  4c  shows 
scintillation  levels  of  each  of  the  GPS  satellites  as 
recorded  at  Ascension  Island.  GPS  signals  were 
reduced  in  15  minute  segments.  Scintillation  levels 
were  relatively  high  along  the  path  (Figure  4c).  Two 
methods  of  reduction  are  commonly  used  for 
scintillation  data,  i.e.  the  S4  method  where  the  ratio 
of  the  mean  square  deviation  of  the  signal  to  the 
average  level  is  used  and  SI  where  peak  to  peak 
values  are  noted  every  15  minutes.  In  these  data  an 
S4  measure  of  1  is  equivalent  to  22  dB  peak  to  peak 
and  an  S4  level  of  .6  is  equivalent  to  a  10  dB  peak  to 
peak.  Synchonous  satellite  signals  were  available 
from  MARISAT  transmissions  at  1.54  GHz  and  3.95 
GHz.  Levels  reached  over  20  dB  peak  to  peak  at 
1.54  GHz. 

The  patches  move  eastward  across  the  propagation 
path  to  the  satellites  with  a  velocity  ranging  from 
two  hundred  meters  per  second  after  sunset  to  50 
meters  per  second  or  less  at  the  end  of  the  night.  At 
anomaly  latitudes  the  periods  between  patches 
where  only  minor  fluctuations  of  signal  will  be 
experienced  can  be  used  for  acquisition  of  signals. 


5.  AURORAL  EFFECTS 

Using  the  data  base  of  the  International  GPS 
Geodetic  Service,  the  rapid  fluctuations  of  Total 
Electron  Content  levels  are  ascribed  to  phase 
scintillations  produced  by  ionospheric  irregularities. 
At  auroral  latitudes  Doherty  et  al.,  1994  have  shown 
that  with  this  technique,  phase  fluctuation  activity 
exhibits  much  lower  levels  at  middle  latitudes  than 
at  high  latitudes.  They  showed  that  the  rapid  rate 
of  change  can  severely  limit  single  frequency 
correction  capability. 

Clynch  (1994)  noted  loss  of  lock  of  signals  at  high 
auroral  latitudes  during  the  severe  magnetic  storm 
on  May  10,  1992.  The  sites  for  the  measurements 
were  at  74  degrees  Corrected  Geomagnetic  Latitudes 
(the  South  Pole)  and  at  80  degrees  Corrected 
Geomagnetic  Latitudes  (McMurdo  Sound).  The 
South  Pole  receiver  showed  loss  of  lock  for  a  20 
minute  period  for  differing  groups  of  satellites.  The 
McMurdo  Sound  receiver  with  its  location 
considered  to  be  in  the  polar  region  did  not  have 
such  a  large  number  of  outages.  A  less  intense 
magnetic  storm  did  not  produce  the  same  effects  at 
the  South  Pole. 


6.  POLAR  SCINTILLATIONS 

In  the  polar  region,  intense  scintillations  are  noted 
in  years  of  sunspot  maximum  with  little  activity 
reported  in  years  of  very  low  solar  flux.  At  the 
communications  frequency  of  250  MHz,  this  has 
resulted  in  deep  fading  for  many  hours  (Basu  et  al., 
1987).  For  GPS  frequencies  during  years  of  high 
solar  flux  there  is  variability  with  maximum  activity 
from  the  fall  equinox  to  the  spring  equinox  but  with 
a  deep  minimum  in  summer.  Bishop  et  al.,  1994  has 
observed  GPS  scintillation  for  a  series  of  days  in 
winter  and  in  summer  in  a  year  of  high  solar  flux. 

For  the  polar  region,  scintillation  should  not  be  a 
major  problem  in  the  years  of  solar  minimum.  Both 
the  auroral  and  polar  regions  may  be  of  importance 
when  intense  magnetic  storms  occur  even  during 
periods  of  low  solar  flux.  However  for  the  solar 
maximum  years,  there  will  be  considerable  fading. 

At  polar  latitudes,  in  particular  during  hours  of 
darkness,  there  is  intense  scintillation  activity  during 
the  height  of  the  sunspot  cycle. 
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7.  RECENT  OBSERVATIONS  OF 
GPS  PHASE  FLUCTUATIONS 


Following  the  work  of  Doherty  et  al.,  1994,  and 
Wanninger,  1993,  the  Center  for  Space  Physics  of 
Boston  University  has  developed  a  series  of  studies 
using  the  data  from  the  International  GPS  Service. 

One  approach  was  to  obtain  phase  fluctuations  by 
noting  rapid  changes  in  TEC.  In  Figure  5a  we  can 
note  fluctuations  in  TEC  recorded  in  Arequipa,  Peru 
(three  degrees  from  the  magnetic  equator).  The 
reported  parameters  are  first  processed  using  orbital 
elements.  Secondly  Total  Electron  Content  data  is 
obtained  from  the  30  second  values  given  for  this 
parameter;  in  this  case  it  can  be  seen  that  a  rapid 
change  in  TEC  occurs  in  the  02-04  UT  time  period 
(21-23  LST).  Finally  the  rate  of  change  of  TEC  per 
minute  is  calculated.  This  can  then  be  contrasted 
with  fluctuations  noted  in  other  areas  for  the  same 
period  or  with  other  data  such  as  radar  returns 
obtained  in  Jicamarca,  Peru. 

With  data  from  Bogota,  Columbia,  north  of  the 
magnetic  equator,  the  contrast  between  the 
Northern  anomaly  region  and  the  Southern  anomaly 
region  can  be  noted.  The  reduced  phase  fluctuation 
data  for  a  relatively  quiet  day  from  the  viewpoint  of 
anomaly  phase  fluctuations,  January  12,  1995,  is 
shown  in  Figure  5b.  A  very  disturbed  day  from  the 
viewpoint  of  TEC  fluctuations  (in  this  case  a 
magnetically  disturbed  day)  is  shown  in  Figure  5c 
for  January  18,  1995.  The  phase  fluctuations  reach 
the  level  of  over  2  TEC  units/minute.  In  this  case 
the  fluctuations  occur  towards  sunrise. 

Fluctuations  in  the  auroral  region  during  magnetic 
storms  are  very  high;  these  can  be  continuous  over 
several  hours.  Signal  levels  as  observed  at  a 
sub-auroral  latitude  such  as  Algonquin,  Canada  (57° 
CGL)  can  during  quiet  times  experience  low  level 
fluctuation.  However  during  magnetic  storms  wide 
fluctuations  are  observed.  In  Figure  5d,  March  29,  a 
day  of  low  magnetic  activity  is  contrasted  with  April 
4  when  magnetic  indices  were  very  high. 

A  higher  latitude  station,  Yellowknife  (Figure  5e) 
might  show  TEC  fluctuation  activity  at  midnight 
during  quiet  magnetic  conditions  (January  15,  1995), 
but  during  storm  conditions  (January  17th)  show 
strong  fluctuations.  The  effects  of  the  magnetic 
storm  after  commencement  move  equatorwards.  A 
lower  latitude  sub-auroral  site  such  as  Algonquin  in 
Canada  only  shows  generation  and  motion  effects  of 
magnetic  storm  activity  during  the  storm  days. 

Ny  Alesund  is  one  place  for  almost  continuous  phase 
fluctuations  of  relatively  high  level  (Figure  5f;  the 
fluctuations  are  maximum  in  this  location  for  the 


period  and  stations  surveyed. 

By  putting  together  Total  Electron  Content  data 
from  two  stations  at  different  latitudes  but 
contiguous,  we  can  contrast  magnetic  equator  results 
with  those  from  the  anomaly  region.  The  stations 
chose  are  Arequipa,  Peru  and  Santiago,  Chile. 
Meshing  these  two  stations  in  local  time  allows  the 
development  of  Figure  6.  This  diagram  illustrates 
the  anomaly  increase  as  a  function  of  latitude  and  as 
a  function  of  time  for  April  1,  1994,  a  magnetically 
quiet  day;  the  values  are  relative  rather  than 
absolute. 

The  total  electron  content  and  the  structure  of  the 
anomaly  region  may  be  of  importance  in  HF 
propagation.  It  might  also  be  of  importance  in 
forecasting  effects  on  satellite  links  below  the 
frequencies  of  the  GPS  system;  there  is  very  little 
time  delay. 


8.  POSSIBILITIES  FOR 
FORECASTING  AND  PREDICTION 
OF  EQUATORIAL 
IRREGULARITIES 

Measurements  of  many  sets  of  data,  such  as  shown 
for  Arequipa  near  the  magnetic  equator  and 
Algonquin,  Canada  at  a  sub-auroral  latitude  should 
allow  for  a  global  picture  of  scintillation  activity 
during  quiet  and  disturbed  magnetic  conditions  and 
during  various  seasons.  In  addition  it  points  the  way 
for  a  single  station  to  warn  in  real  time  about 
conditions  on  various  paths;  this  could  serve  as 
forecasting  for  an  area.  One  receiver  can  record 
fluctuation  levels  at  multiple  propagation  paths  in 
the  overhead  sky. 

In  the  equatorial  region  with  this  technique,  the 
plumes  which  produce  fading  develop  as  the  sunset 
line  goes  west.  Once  developed  the  patches  which 
maintain  their  integrity  for  several  hours  move 
eastward.  If  one  has  the  entire  sky  covered  in  real 
time  by  propagation  paths  to  GPS  satellites  which 
could  be  used  as  sensors,  short  term  forecasting 
might  be  possible.  These  sensors  could  record 
amplitude  and  phase  scintillation  and  phase 
fluuctuations. 

Once  the  equatorial  plumes  develop,  these  patches  of 
irregularities  move  eastward  thru  the  night.  On  a 
night  with  active  scintillation  activity,  if  the  path  to 
the  east  is  in  the  sunset  region  and  scintillations 
were  observed,  the  night  might  be  termed 
potentially  an  active  night  for  the  development  of 
irregularities.  In  the  hours  after  overhead  sunset,  if 
scintillations  were  observed  on  a  western  path,  then 
it  would  be  reasonable  to  expect  the  wind  to  bring 
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these  patches  eastward.  One  could  then  forecast  for 
the  latter  part  of  the  night  that  there  would  be 
scintillation  activity  on  overhead  paths.  This  is  a 
simplification  of  the  output  which  might  emerge 
from  a  warning  system  of  this  type. 

Exactly  what  effect  the  fluctuations  in  phase  have 
on  accuracy  and  on  time  to  develop  and  change  a 
position  is  not  known.  It  would  appear  that  with 
TEC  values  fluctuating,  at  times  for  periods  of 
hours,  there  would  be  an  effect  on  jitter  in  position. 

GPS  satellites  offer  a  unique  source  for 
measurements  of  amplitude  and  phase  scintillation 
on  a  global  scale.  The  data  can  be  used  to  study 
ionospheric  plasma  structures,  develop  weather 
models  of  scintillation  and  can  be  scaled  in 
frequency  to  support  many  operational  systems. 
There  is  much  to  be  gained  by  long  term 
measurements.  In  the  Pacific  region  there  are 
phenomena  which  may  be  different  from  what  have 
been  observed  in  the  Atlantic.  There  is  a  sparcity  of 
data  in  the  African  and  Middle  East  sectors.  In  the 
region  between  Western  North  America  and  Hawaii, 
there  is  a  dramatic  difference  in  morphology 
between  76°  West  and  160°  West.  It  would  be  useful 
to  obtain  data  from  areas  where  it  is  lacking. 
Absolute  intensity  of  scintillation  is  also  unavailable. 
The  absence  of  evaluated  fading  levels  means  that 
we  have  no  way  of  comparing  fading  depths  between 
for  example  Hong  Kong  and  the  Ascension  Island  or 
the  area  conjugate  to  the  Ascension  Island  in  the 
Northern  Hemisphere. 
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Fading  Depths  During 
High  Sunspot  Years 


Figure  1.  GPS  scintillation  problems  will  maximize  during  solar  maximum.  The 
fading  depths  to  be  experienced  at  GPS  frequencies  are  illustrated.  Bits  wiU  be  lost 
when  the  fading  goes  below  the  signal  to  noise  level. 


Figure  2.  Scintillations  as  observed  on  the  MARISAT  signal  at  1.54  GHz  in  the 
equatorial  anomaly  region.  Below  the  signEd  to  noise  level,  information  will  be  lost  in 
the  fade. 
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Ionospheric  Scintillations 
Reorded  from  Hong  Kong 
March  20-21,1979 
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Figure  3a.  Ionospheric  scintillations  recorded  from  Hong  Kong,  March  20-21,  1979, 
(Fang  and  Liu,  1982).  Top  is  the  4  GHz  downlink  from  the  Indian  Ocean  Satellite  to 
Hong  Kong;  bottom  is  the  downlink  from  the  Pacific  Ocean  Satellite. 


Percentage  of  Occurrence  of 
Scintillations  >  2dB  at  4  GHz 


Pacific  Ocean  Link  Indian  Ocean  Link 

Figure  3b.  Percentage  of  occurrence  of  scintillations  >2  dB  at  4  GHz  on  two  links 
(Hong  Kong  data  from  Fang  and  Liu,  1982), 
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January  12,  1995 
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Figure  5b.  On  a  quiet  day  from  the  viewpoint  of  magnetic  indices  and  TEC  fluctu¬ 
ations,  Bogota  for  three  satelhte  passes  showed  low  fluctuation  levels. 


BOGOTA 

January  18,  1995 
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Figure  5c.  On  a  disturbed  day  from  the  point  of  view  of  magnetic  and  fluctuation 
levels,  Bogota  has  high  levels  of  fluctuation. 
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Figure  6d.  A  sub-auroral  region  is  covered  by  the  data  from  Alonquin,  Canada.  A 
magnetically  quiet  day,  March  29,  1994,  is  contrasted  with  a  disturbed  day,  April  4 
1994. 


YELLOWKNIFE  Scintillotlon  Activity 
^  0.6  -  1.0  TECU/MIN  □  1.0  -  2.0  TECU/MIN  ,  >  2.0  TECU/MIN 


Figure  5e.  TEC  fluctuation  levels  have  the  same  form  as  a  function  of  magnetic  ac¬ 
tivity  as  amplitude  scintillations.  In  quiet  days  (January  15  in  this  case),  the  midnight 
time  periods  have  amplitude  scintillations  but  the  rest  of  the  time  the  activity  is  low. 
During  the  initial  phase  of  magnetic  storms,  the  irregularity  region  moves  equator- 
wards  as  can  be  seen  in  this  contrasting  picture  of  TEC  fluctuation  levels  on  January 
17,  1995. 


NY  ALESUND 
April  2, 1994 


Universal  Time 


Universal  Time 


Figure  5f.  In  reviewing  the  records  from  NY  Alesund  (Spitzbergen)  in  the  auroral 
region,  one  finds  the  fast  fluctuations  appear  to  be  the  norm.  The  period  shown  had 
moderate  magnetic  activity. 


AREQUIPA  ond  SANTIAGO 
UT  Dote;  April  1,  1994 


15  Elevation  Cutoff 

Figure  6.  In  putting  together  TEC  values  of  two  latitudinal  sets  near  the  same  longi¬ 
tude,  one  can  note  diurnal  variations  and  the  anomaly  region  formation.  Assumptions 
have  been  made  as  to  the  base  level. 
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DISCUSSION 

Discusser’s  name:  D.  Yavuz 


Comment/Question : 

Can  you  give  an  idea  of  the  percentage  of  time  such  deep  fades  would  be  anticipated  in  the  1-2 
GHz  band  in  the  1990-2000  sunspot  peak  cycle. 


Author/Presenter’s  reply: 

During  sunspot  maximum  -1  IdB  peak  to  peak  fluctuations  can  occur  25-30%  of  the  time  for  an 
hour  in  equinox  months  -  at  least  that’s  what  anomaly  latitudes  such  as  Hong  Kong  may 
experience. 

Data  taken  by  Basu  indicates  that  30-40%  of  the  hours  between  20.00  and  24.00  local  time  may 
experience  10  dB  amplitude  scintillations  during  equinox  months  in  years  of  high  sunspot  number. 


Discusser’s  name:  H.  Soicher 


Comment/Question : 

Is  there  a  body  of  statistics  for  L-band  scintillations  (amplitude)  at  high  latitudes?  (The  ITU  Radio 
Communications  Bureau  is  interested  in  such!) 


Author/Presenter’s  reply: 

There  is  little  data  at  L  Band  at  high  latitudes.  The  Bishop  paper  in  the  Polar  Cap  is  the  only 
paper  to  measure  for  a  very  few  days  and  for  sunspot  maximum  only  amplitude  scintillation  of  a 
moderate  level.  Our  own  recordings  at  high  latitudes  indicate  high  levels  of  phase  fluctuations  all 
the  time  at  Ny  Alesund  {75°  CGL)  and  high  levels  in  the  auroral  zone  during  magnetic  storms 
(see  Yellowknife  illustration). 
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DISCUSSION 


Discusser’s  name:  L.  B.  Stotts 


Comment/Question: 

Would  you  define  what  you  meant  by  a  sophisticated  vs  simple  GPS  receiver?  Carrier  or  code 
aiding?  An  Ashtech  GPS  receiver? 


Author/Presenter’s  reply: 

I  cannot  give  you  specifics.  Simple  Course  Acquisition  (C/A)  GPS  receivers  for  around  $300.00 
will  be  most  affected.  GPS  receivers  used  by  JPL  for  their  field  experiments  have  shown  little 
vulnerability.  These  latter  receivers  have  stronger  SNRs  than  the  simple  C/A  GPS  receivers. 
Narrow  bandwidth  signals  locking/tracking  helps  keep  the  receiver  locked.  However,  I  do  not 
know  the  details.  The  receiver  used  by  Clynch  (reference  in  the  paper)  was  of  a  robust  variety 
but  the  magnetic  storm  was  of  maximum  magnitude. 


Discusser’s  name:  C.  Goutelard 


Comment/Question: 

You  have  shown  the  effect  of  equatorial  plumes.  Have  you  observed  with  the  TEC  the  effects  of 
plasma  instabilities,  in  particular  the  bubbles  near  the  terminals. 

Author/Presenter’s  reply: 

We  have  observed  phase  fluctuations  from  the  plumes  or  bubbles.  We  are  trying  to  determine  if 
various  horizontal  gradients  in  total  electron  content  are  necessary  conditions  for  the 
development  of  plumes.  In  addition  we  are  looking  into  whether  symmetry  in  total  electron 
content  in  latitude  is  a  necessary  condition  for  the  development  of  plumes  (as  has  been 
suggested  in  several  papers). 
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MODELISATION  ET  MESURE  DE  LA  PROPAGATION  RADIOELECTRIQUE 
SUR  DES  LIAISONS  TERRE-SATELLITE  DANS  LA  BANDE  MILLIMETRIQUE 

MODELING  AND  MEASUREMENT  OF  RADIOWAVE  PROPAGATION 
ON  EARTH-SATELLITE  LINKS  IN  THE  MILLIMETRE  BAND 
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RESUME 

Dans  le  cadre  de  la  preparation  des  futurs  systfemes  de 
telecommunications  par  satellite,  la  Delegation  Generate  de 
I'Armement  (DGA)  a  besoin  de  valider  les  modeles  de 
prediction  de  la  propagation  dans  la  bande  de 
frequences  EHF. 

Afin  de  determiner  le  domaine  de  validite  de  ces  modeles  et 
pour  ameliorer  la  connaissance  de  la  propagation  Terre- 
espace  a  ces  frequences,  la  DGA  envisage  de  mener  des 
experimentations  avec  le  projet  de  satellite  experimental  du 
CNES  (Centre  National  d'Etudes  Spatiales) ;  STENTOR. 

II  est  prevu  que  ce  satellite  embarque  une  charge  utile  EHF, 
composee  d'une  part  d'un  repeteur  transparent  destine  a  la 
mise  en  oeuvre  d'essais  de  transmission  avec  differentes 
formes  d'ondes  sous  differentes  conditions  de  propagation,  et 
d'autre  part  de  deux  balises  de  propagation  experimentales  (a 
20.7  GHz  et  41.4  GHz),  delivrant  une  zone  de  couverture 
europeenne  et  surtout  une  couverture  equatoriale,  dans  le  but 
de  verifier  les  effets  specifiques  rencontres  dans  les  climats 
temperes  et  dans  les  climats  soumis  a  de  tres  fortes 
precipitations. 

En  attendant  le  lancement  de  STENTOR  (prevu  fin  1999),  le 
CELAR  (Centre  d'Electronique  de  I'ARmement)  et  le 
CERT  ONERA  (Centre  d'Etudes  et  de  Recherches  de  Toulouse 
de  rOffice  National  d'Etudes  et  de  Recherches  Aerospatiales) 
sent  en  train  de  mener  des  experimentations  sur  une  liaison 
terrestre  basse  Elevation  :  la  campagne  CELESTE. 

Quatre  types  d'instruments  de  mesures  sont  mis  en  oeuvre  dans 
cette  campagne  :  une  liaison  EHF  a  35  GHz,  un  radar 
(RODIN)  de  6  cm  de  longueur  d'onde,  un  radiometre  35  GHz 
ainsi  que  des  capteurs  meteorologiques. 

Les  premiers  resultats  de  ces  experimentations  sont 
presentes  dans  cet  article  ainsi  que  les  ameliorations  qui 
pourraient  etre  apportees  a  la  campagne,  afin  de  realiser  des 
predictions  de  propagation  plus  precises,  pour  aider  a  la 
conception  des  futurs  systbmes  de  telecommunications  par 
satellites  dans  la  bande  EHF. 

SUMMARY 

To  prepare  future  satellite  telecommunication  systems, 
French  military  administration  (DGA  :  Delegation  Generale 
de  I'Armement)  needs  to  validate  propagation  prediction 
models  in  the  EHF  band. 

In  order  to  assess  the  validity  area  of  these  models  and  to 
improve  the  knowledge  of  Earth-Space  propagation  at  these 
frequencies,  DGA  is  planning  EHF  experimentations  in 
relation  with  the  anticipated  CNES  (Centre  National  d'Etudes 
Spatiales)  experimental  satellite  STENTOR. 


It  is  planned  that  the  satellite  will  carry  an  EHF  payload 
which  consists  on  one  hand  of  a  transparent  repeater  to 
implement  EHF  transmission  experimentations  with 
different  waveforms  and  different  propagation  conditions, 
and  on  the  other  hand  of  two  experimental  propagation 
beacons  (20.7  GHz  and  41.4  GHz)  with  a  European 
coverage  and  also  an  equatorial  one  in  order  to  assess 
specific  effects  encountered  in  both  temperate  and  very  rainy 
climates. 

Before  the  launch  of  STENTOR  (end  of  1999),  CELAR 
(Centre  d'Electronique  de  I'ARmement)  and  CERT  ONERA 
(Centre  d'Etudes  et  de  Recherches  de  Toulouse  de  I'Office 
National  d'Etudes  et  de  Recherches  Aerospatiales)  are 
presently  conducting  measurements,  on  a  low  elevation 
angle  terrestrial  link  :  the  "CELESTE"  campaign. 

In  this  experiment,  four  kinds  of  equipments  are  involved  : 
an  EHF  link  at  35  GHz,  a  6  cm  wavelength  meteorological 
radar  (RODIN),  a  35  GHz  radiometre  and  meteorological 
instruments. 

First  results  of  this  propagation  experiment  are  presented  in 
this  paper,  and  the  upgradings  which  could  be  brought  to  the 
campaign,  for  a  better  efficiency  on  propagation  prediction 
to  plan  future  EHF  satellite  telecommunication  systems  are 
discussed. 

1.  INTRODUCTION 

French  military  satellite  telecommunication  systems  are 
working  today  with  the  SYRACUSE  II  payloads  boarded  on 
the  civil  TELECOM  II  satellites  ;  for  the  next  generation  of 
SYRACUSE  satellites,  DGA  decided  to  design  a  self- 
consistent  military  telecommunication  system,  including 
among  others  an  EHF  payload. 

Studies  investigating  the  feasibility  of  such  a  link,  are  faced 
with  the  difficulty  to  appreciate  precisely  perturbing  effects 
caused  by  the  atmosphere  on  the  propagation  of 
electromagnetic  waves,  which  prevents  an  accurate 
calculation  of  system  margins. 

These  propagation  impairments  (attenuation,  scintillation, 
depolarization)  are  highly  frequency  dependent  and  if  their 
influence  is  barely  noticeable  at  C  band,  it  may  become 
unbearable  at  EHF  band. 

To  achieve  prediction  of  such  impairments,  two  kinds  of 
models  are  available  at  CELAR  :  statistical  ones  (based  on 
ITU-R  procedures  [1])  and  deterministic  ones  such  as  MPM, 
the  Millimetre-wave  Propagation  Model  of  H.J.  Liebe  (NTIA, 
USA)  [2]. 

Since  the  seventies,  these  models  have  been  validated  up  to 
Ka  band  (20/30  GHz),  owing  to  propagation  experiments 
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such  as  OTS,  SIRIO  [3]  and  OLYMPUS  [4]  in  European 
countries,  ATS,  CTS  and  COMSTAR  [5]  in  the  U.S.,  and  ETS 
[6]  series  in  Japan. 

Currently,  ITALSAT  propagation  experiment  [7]  is  going  to 
study  the  validity  of  these  models  in  EHF  band  (40/50  GHz), 
in  European  countries. 

In  order  to  pursue  this  work,  DGA  has  decided  to  board  an 
EHF  experimental  propagation  payload  on  the  anticipated 
CNES  experimental  satellite  :  STENTOR. 

If  the  project  succeeds,  this  payload  will  be  constituted  of 
two  propagation  beacons  at  20  and  40  GHz,  with  two 
coverages  :  a  European  one  (like  OLYMPUS  and  ITALSAT) 
and  especially  an  equatorial  one  in  order  to  assess  specific 
effects  encountered  in  very  rainy  climates. 

STENTOR  satellite  will  not  be  launched  before  the  end  of 
1999,  so  DGA  decided  to  run  a  propagation  experiment  in  the 
south  of  France,  called  CELESTE  (Campagne 
d'Experimentation  sur  une  Liaison  EHF  Simulant  une 
communication  Terre-Espace),  conducted  by  CELAR  and 
CERT  ONERA. 

CELESTE  is  constituted  of  a  terrestrial  link  on  a  low 
elevation  angle  between  the  Pic  du  Midi  (altitude  2865  m) 
and  the  town  of  Lannemezan  (altitude  600  m)  in  the 
Pyrenees,  at  a  distance  of  28  kilometres. 

This  propagation  path  has  been  chosen  since  it  is 
representative  of  an  Earth-Space  worst  case  elevation  angle 
(5°)  and  because  of  the  melting  layer  presence  below  the  Pic 
du  Midi  ten  months  a  year. 

Four  kinds  of  equipments  are  involved  : 

•  an  EHF  link  at  35  GHz, 

•  a  6  cm  wavelength  meteorological  radar  (RODIN), 
located  at  Meteo  France  in  Toulouse, 

•  a  35  GHz  radiometre,  pointed  toward  zenith, 

•  meteorological  instruments  such  as  temperature, 
pressure,  humidity  and  wind  sensors,  as  well  as  rain- 
gauges,  a  disdrometre  and  a  spectropluviometre. 

2.  STENTOR  PROPAGATION  EXPERIMENT 

STENTOR  is  a  technological  satellite  project,  planned  to 
increase  French  industrial  competitivity  in  satellite 
telecommunications. 

The  program  is  managed  by  a  commitee  constituted  by 
experts  from  CNES,  France  Telecom  and  DGA. 

The  three  main  French  industrials  skilled  in  this  domain  are 
involved  in  the  project : 

MATRA  MARCONI  SPACE  for  structure  and 
propulsion, 

AEROSPATIALE  for  thermal  control, 

ALCATEL  ESPACE  for  communication  payloads. 

Advanced  technologies  will  be  tested  on  the  spacecraft,  such 
as  diphasic  loops,  plasma  thrusters,  new  generation  of 
batteries,  active  antennas  and  digital  repeaters. 

STENTOR  is  designed  to  a  nine  years  duration  of  life  with 
two  years  of  active  experimentations,  and  will  be  launched  at 
the  end  of  1999  at  11°W  on  the  geostationnary  orbit ;  it  will 
provide  a  1800  W  power  for  a  1900  kg  mass. 

2.1  Objectives  of  the  EHF  program 

Differently  from  civil  payload  which  is  planned  to  test  new 
technologies  for  industry,  the  EHF  payload  has  been  decided 
for  conducting  experimentations  to  prepare  future  systems. 


Like  for  the  civil  telecommunication  payload,  ALCATEL 
ESPACE  is  in  charge  of  the  EHF  payload  design  and 
realization. 

2.1.1  Transmission  part 

Because  the  following  generation  of  SYRACUSE  2  satellite 
is  planned  to  use  on  board  processing  and  frequency  hopping 
techniques,  it  seemed  interesting  to  design  a  small 
experimental  transparent  repeater  to  test  the  second 
technique  from  STENTOR. 

The  aim  of  the  transmission  team  is  to  test : 

new  signal  processing  techniques  such  as  frequency 
hopping, 

hardiness  of  waveforms  in  difficult  propagation 
conditions, 

efficiency  of  antenna  pointing  systems  at  44  GHz. 

To  achieve  these  goals,  transmission  trials  need  not  to  be 
managed  on  a  continuous  way  :  10  %  of  the  time  would  be  a 
priori  sufficient  when  the  procedure  is  operational. 

2.1.2  Propagation  part 

Needs  for  propagation  experimentations  are  directly  linked 
with  the  choice  of  the  EHF  band,  which  atmospheric  effects 
such  as  attenuation,  scintillations,  depolarization  and  maybe 
dispersion,  are  very  disturbing  for. 

The  aim  of  the  propagation  team  is  to  support  program 
management  in  the  following  subjects : 

establishment  of  EHF  possible  employment 
conditions  and  determination  of  foreseenable 
telecommunication  service  disponibilities, 
propagation  margin  specification  for  the  new 
system,  according  to  covered  regions  and  running 
mode  (nominal,  damaged), 

evaluation  of  the  dispersion  influence  for  1  or 
2  GHz  bandwidth  channels, 

building  of  an  optimised  dynamic  strategy  of  uplink 
power  control  or  other  fade  countermeasures, 
efficiency  of  antenna  pointing  system  in  bad 
weather  conditions  (strong  precipitations,  storms). 

To  obtain  reliable  statistics,  propagation  experimentations 
need  to  be  managed  continuously  on  a  long  period  ;  recent 
studies  [8]  [9]  [10]  have  demonstrated  that  statistical 
results  begin  to  be  reliable  after  a  period  between  three  and 
seven  years  of  measurements. 

2.2  EHF  Payload  Description 

If  the  project  is  confirmed,  STENTOR  will  board  among 
others  a  EHF  payload  [11]  including  two  subsystems  :  the 
first  one  for  a  transmission  task  intended  to  signal 
processing  trials,  and  the  second  one  for  propagation 
measurements. 

The  transmission  subsystem  is  constituted  by  an  EHF 
transparent  repeater  divided  into  two  40  MHz  channels 
separated  by  1  GHz  ;  uplink  frequency  is  between  44  and 
45  GHz  and  downlink  frequency  between  20.2  and 

21.2  GHz. 

The  propagation  experimental  payload  is  formed  by  two 
propagation  beacons  at  20.7  GHz  and  41.4  GHz. 

The  20.7  GHz  beacon  (called  beacon  1)  is  common  to  both 
missions  and  its  main  goal  is  to  achieve  more  precise 
antenna  pointing  at  44  GHz ;  its  EIRP  will  be  18  dBW  (end 
of  life,  edge  of  coverage). 
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The  41.4  GHz  beacon  (called  beacon  2),  is  obtained  by 
multiplication  by  2  of  beacon  1  ;  it  will  supply  an  EIRP  of 
22  dBW  (end-of-life,  edge-of-coverage). 

First  link  budgets  indicate  that  a  25  dB  dynamic  with  a 
120  cm  dish  terminal  would  be  available. 

Two  areas  will  be  supplied,  the  first  one  will  concern 
European  countries,  the  second  one  an  equatorial  region, 
either  around  French  Guyana,  or  around  French  West  Indies  or 
both  (this  last  coverage  will  be  definitely  fixed  before  the 
end  of  1995). 

Due  to  the  limited  power  supplied  by  the  solar  panels  and  the 
large  consumption  of  the  civil  payload,  some  limitations  are 
imposed  to  EHF  payload  users  (see  possible  operating  modes 
table). 


N° 

Beacon  1 
coverage 

Beacon  2 
coverage 

Repeater 

running 

1 

Equatorial 

Equatorial 

OFF 

2 

European 

European 

OFF 

3 

European 

Equatorial 

European 

4 

Equatorial 

European 

Equatorial 

5 

European 

Equatorial 

OFF 

6 

Equatorial 

European 

OFF 

Table  1  :  possible  operating  modes 


The  three  first  scenarii  will  likely  be  the  most  employed,  on 
the  opposite  way  the  two  last  configurations  will  probably 
not  be  used. 

After  discussions  between  both  mission  teams,  using  times 
were  evaluated  to  10  %  for  scenario  3,  versus  90  %  for  both 
configurations  1  and  2  ;  the  strategy  between  scenarii  1  and 
2  remains  to  draw  up. 

2.3  Propagation  Experiment 

STENTOR  will  allow  propagation  experiments  at  20.7  GHz 
and  41.4  GHz  to  manage  the  following  activities  in  the  two 
coverage  areas  : 

•  attenuation  measurements,  on  one  hand  to  validate 
models  for  low-fade  margin  systems  (involving 
separation  of  rain,  cloud  and  gaseous  attenuation),  on  the 
other  hand  to  study  characteristics  of  events  (fade  slope, 
fade  duration,  interfade  periods,  seasonal  effects, ...), 

•  scintillation  measurements  in  absence  and  in  presence  of 
attenuation  to  value  their  impact  on  communication 
signals  (reduction  of  the  system  margin,  perturbations 
on  antenna  tracking  systems,  up-link  power  control), 

•  meteorological  measurements  which  interest  was 
demonstrated  by  the  OPEX  (Olympus  Propagation 
Experiment),  managing  meteorological  sensors  and  in 
addition  radar  and  radiometric  measurements  as  in  the 
CELESTE  campaign  (described  here  after). 

To  achieve  a  better  impact  on  new  satellite  systems,  the 
campaign  will  not  be  classified  so  that  the  participation  of 
the  scientific  community  could  be  possible. 

A  working  group  managed  by  DGA  will  be  created  to  build  a 
common  data  base  in  order  to  make  exchanges  easier  between 
all  members. 


3.  CELESTE  PROPAGATION  EXPERIMENT 

3.1  Introduction 

Since  March  1995  CERT-ONER  A  and  CRA  (Centre  de 
Recherches  Atmospheriques,  which  belongs  to  the 
University  of  TOULOUSE)  have  been  both  conducting  an 
experiment  devoted  to  the  assessment  of  the  effects  on  a 
34.5  GHz  propagation  path  and  supported  by  CELAR. 

These  effects  are  principally  due  to  absorption  and  scattering 
by  raindrops,  but  also  by  atmospheric  gases  (mainly  H2O 
and  O2)  and  particles  in  clouds,  and  lead  essentially  to 
attenuation  and  depolarization  of  the  wave  along  the  path. 
Clear  air  effects  such  as  amplitude  scintillations,  related  to 
atmospheric  turbulences,  may  also  be  observed. 

Several  RF  equipments  and  meteorological  sensors  are 
operated  simultaneously  and  continously  and  will  thus 
provide  a  large  amount  of  data  suitable  for  a  statistical 
analysis,  since  CELESTE  will  probably  last  at  least  three 
years.  The  analysis  of  the  data  will  also  be  performed  as 
specific  case  studies  in  order  to  assess  some  specific  effects 
such  as  depolarization,  scintillations  or  effects  due  to  the 
melting  layer  which  are  still  not  well  known. 

Another  objective  of  CELESTE  is  to  compare  experimental 
data  with  available  prediction  models,  either  statistical  ones 
or  deterministic  ones. 

In  the  following  chapter,  a  description  of  the  campaign  is 
given  along  with  some  early  results  obtained  in  the  first  five 
months. 

3.2  Description  of  the  instrumentation 
3.2.1  Description  of  the  sites 

The  experimental  site  of  the  link  has  been  choosen 
according  to  two  main  criteria  : 

the  propagation  path  should  be  representative  of  an 
Earth-Space  path  with  a  transmitter  above  the  0°C 
level; 

meteorological  equipments  should  be  available,  at 
least  at  the  transmitter  or  at  the  receiver  site. 

Figure  1  gives  a  global  schematic  view  of  the  experiment 
and  figure  2  (at  the  end  of  the  text)  shows  the  geographical 
location  of  CELESTE  experiment. 


Figure  1  :  CELESTE  -  geometry 
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The  transmitter  has  been  installed  at  the  top  of  the  Pic  du 
Midi,  in  the  Pyrenees,  at  an  altitude  of  2865  m  which  is 
above  the  0°C  level  most  of  the  time  (except  in  July  and 
August). 

The  receiver  is  located  at  CRA  near  the  town  of  Lannemezan 
(altitude  600  m)  because  meteorological  sensors,  as 
described  below,  are  available  there. 

Then,  the  choice  of  these  two  experimental  sites  leads  to  a 
28  km  propagation  path  with  an  elevation  angle  close  to  5°, 
which  is  representative  of  a  worst  case  geometry  for  an 
Earth-Space  radiolink. 

It  can  be  noticed  that  Lannemezan  is  situated  in  the  K-zone  as 
defined  by  ITU-R,  which  means  that  the  rain  rate  is  over  42 
mm/h  during  0.01%  of  the  year.  Such  climatic  conditions  are 
quite  different  from  those  prevailing  over  the  north  of  France 
where  most  of  the  previous  propagation  campaigns  (such  as 
the  OPEX)  have  been  conducted. 

It  can  also  be  noticed  that  Lannemezan  and  the  Pic  du  Midi 
are  situated  on  a  same  radial  line  viewed  from  a  RODIN  type 
weather  radar  situated  in  TOULOUSE  100  km  far  from 
Lannemezan.  Thus  the  geographical  locations  of  the 
transmitter  and  the  receiver  are  suitable  for  the  use  of  this 
radar  as  it  will  be  further  described  below. 

3.2.2  The  equipments 

The  EHF  link  between  the  top  of  the  Pic  du  Midi  and  the 
CRA-Lannemezan  is  operating  continuously  at  34.5  GHz. 

The  main  radioelectrical  characteristics  of  this  equipment  are 
listed  in  the  table  2  hereafter : 


Transmitter 

Receiver 

Set 

Ka  band 

Set 

Ka  band 

Frequency 

34.5  GHz 

Frequency 

34.5  GHz 

RF  Power 

20.5  dBm 

Sensitivity 

-105  dBm 

Antenna 

type 

30  cm 
parabolic 

Antenna 

type 

same  as 

transmitter 

3  dB 

beam  width 

O 

q 

Number  of 
channels 

2 

Gain 

37  dB 

Polarization 

H&V 

Table  2  :  radioelectrical  characteristics  of  the  EHF  radiolink 


The  available  dynamic  at  receiver  is  over  54  dB. 

Two  transmitter  configurations  are  available  concerning  the 
polarization  :  either  a  pure  vertical  polarization  or  a  mixed 
vertical/horizontal  polarization  obtained  by  a  45°  rotation 
of  the  transmitter  around  the  radiation  axis  of  the  antenna. 
The  first  configuration  allows  one  to  assess  depolarization 
effects  while  the  second  one  is  suitable  for  the  assessment  of 
differential  attenuation.  Both  configurations  will  be  used 
during  CELESTE  with  a  change  of  the  transmitted 
polarization  every  six  months. 

At  receiver,  two  orthogonal  polarizations  channels  are 
switched  on  the  same  receiver  :  such  a  strategy  is  used  to 
avoid  discrepancies  which  may  be  observed  between  different 
receivers.  The  sampling  rate  of  the  received  signal  amplitude 
can  be  either  5  Hz  or  50  Hz.  The  low  value  is  suitable  for  the 
study  of  attenuation  effects  while  the  high  rate  is  used  to 


study  scintillations  effects.  Most  of  the  time  the  data  are 
stored  continously  and  automatically  using  the  low  sampling 
rate,  but  the  high  sampling  rate  is  used  for  two  periods  a  day 
during  20  minutes  each  time. 

The  meteorological  equipments  consist  in  "usual" 
meteorological  sensors  such  as  temperature,  pressure, 
humidity,  wind  sensors  and  rain-gauges,  as  well  as  a 
disdrometre  and  a  spectropluviometre. 

At  CRA,  the  receiver  site,  all  the  "usual"  meteorological 
sensors  are  available.  At  the  transmitter  site  at  the  top  of  the 
Pic  du  Midi,  temperature  measurement  is  made  in  order  to 
evaluate  the  altitude  of  the  0°C  level. 

Three  rain-gauges  are  installed  along  the  propagation  path  : 
one  at  each  end  of  the  path  and  the  third  one  near  the  middle 
point  of  the  path.  These  allow  one  to  evaluate  the  rain  rate 
distribution  along  the  propagation  path  and  then  to  estimate 
the  attenuation  along  it. 

The  disdrometre  and  the  spectropluviometre  have  been  set  up 
at  CRA,  not  far  from  the  receiver  and  close  to  each  other. 
They  both  supply  the  distribution  of  raindrops  in 
diameter/speed  coordinates,  but  also  the  rain  rate  at  this 
location.  Comparisons  of  the  data  obtained  with  these  two 
equipments  will  be  made,  as  well  as  comparisons  of  the  rain 
rates  supplied  by  them  and  by  the  rain-gauge.  The  data 
supplied  by  the  disdrometre  and  the  spectropluviometre  will 
also  be  used  to  study  the  influence  of  the  drop  size 
distribution  on  the  attenuation  measured  on  the  propagation 
path. 

All  the  meteorological  data  are  available  with  a  sampling 
rate  of  6  minutes  or  less  and  will  be  compiled  in  a  single  data 
base. 

Two  complementary  means  are  also  used  during  CELESTE  : 

•  A  weather  radar  (RODIN  type,  operating  at  a  6  cm 
wavelength)  situated  in  TOULOUSE. 

Since  the  receiver  and  the  transmitter  sites  are  aligned,  as 
viewed  from  the  radar,  this  will  supply  the  rain 
distribution  along  the  path  and  allow  us  to  estimate  the 
attenuation  along  the  path. 

Comparisons  between  rain  distributions  retrieved  from 
the  radar  data  and  estimated  using  the  three  rain-gauges 
will  be  achieved,  and  between  the  attenuation  evaluated 
from  the  radar  data  and  directly  measured  on  the 
propagation  path. 

The  meteorological  radar  also  allows  one  to  estimate  the 
altitude  of  the  0°C  level  which  can  then  be  compared  with 
the  0°C  altitude  estimated  using  temperature  sensors. 

•  A  radiometre  operating  at  35  GHz  has  also  been  installed 
at  CRA. 

It  looks  vertically  to  the  sky  because  it  was  impossible 
to  point  it  in  the  link  direction,  due  to  the  presence  of 
mountains  which  could  disturb  sky  brightness 
measurements. 

Furthermore,  it  is  not  used  all  the  time  as  it  is  not 
protected  against  precipitations. 

Data  supplied  by  this  equipment  will  be  used  to  estimate 
the  attenuation  due  to  clouds  and  atmospheric  gases. 
However  the  estimated  values  should  be  considered 
carefully  because  they  are  valid  only  over  the  CRA  and 
not  all  over  the  propagation  path. 

A  more  detailed  description  of  the  CELESTE  experiment  can 
be  found  in  [13]. 
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3.2.3  First  results  of  the  campaign 
The  early  results  presented  in  this  paper  correspond  to  the 
five  first  months  of  the  campaign,  i.e.  the  period  extending 
from  February  to  June  1995.  They  consist  in  cumulative 
distributions  of  attenuation  in  excess  (i.e.  the  measured 
signal  level,  at  receiver,  as  compared  to  the  maximum  of  this 
level)  and  of  fade  durations. 

a)  Cumulative  distribution  of  attenuation  in  excess 

This  has  been  calculated  using  averaged  experimental  data 
(one  datum  per  minute). 

On  figure  3  the  cumulative  distribution  of  attenuation  in 
excess  is  given  along  with  the  distributions  obtained  using 
the  rain  prediction  procedure  preconised  by  ITU-R  [1]  and  the 
prediction  model  of  R.K.  CRANE  [13].  In  both  prediction 
models,  only  the  attenuation  due  to  the  rain  is  taken  into 
account. 

Discrepancies  between  experimental  results  and  predictions 
can  be  observed  : 

•  At  low  attenuation  values,  the  experimental  curve  is 
sensibly  above  the  curves  related  to  prediction  models, 
certainly  because  the  attenuation  terms  due  to 
atmospheric  gases  and  clouds  are  not  included  into  the 
model. 

It  also  can  be  noticed  that  these  terms  may  be  not 
negligible  due  to  the  particular  geometry  of  the 
propagation  path  (5°  elevation  angle). 

•  Concerning  strong  attenuations,  large  discrepancies 
between  experimental  data  and  prediction  models  are 
observed. 

It  is  not  surprising  as  one  can  expect  some  strong 
attenuation  related  to  high  rain  rate  events,  for  exemple 
storms  during  Summer,  to  change  the  behaviour  of  the 
measured  cumulative  distribution  of  attenuation. 

It  can  also  be  noticed  that  attenuation  values  stronger 
than  55  dB  can  not  be  measured  at  receiver  ;  this  is 
another  explanation  for  the  large  discrepancies  observed 
on  figure  3  at  very  low  probability  values. 

With  the  CELESTE  very  slant  propagation  path  it  could 
be  very  interesting  to  have  a  larger  dynamic  at  receiver 
(at  least  100  dB). 

On  figure  4  the  experimental  cumulative  distribution  of 
attenuation  is  compared  to  the  distribution  obtained  using 
the  CCIR  prediction  procedure  including  all  the  attenuation 
terms  (gaz,  clous  and  precipitations).  The  agreement  between 
both  curves  is  much  better  at  low  attenuation  values  than  on 
figure  3.  Thus  it  can  be  verified  that  the  contribution  to  the 
total  attenuation  due  to  the  atmospheric  gases  and  to  the 
clouds  are  not  negligible  on  a  very  slant  propagation  path. 

b)  Cumulative  distribution  of  fade  durations 

Figure  5  gives  the  cumulative  distribution  of  absolute 
number  of  fade  duration  events  for  the  month  of  May.  As 
expected,  the  higher  the  attenuation  value,  the  shorter  the 
fade  duration. 

Cumulative  distributions  of  fade  durations  are  given  on 
figure  6  for  the  month  of  May  and  has  been  established 
using  experimental  data  averaged  in  order  to  retain  one  value 
per  10  seconds  period.  Thus  one  can  expect  scintillations  to 
be  filtered  out,  as  was  demonstrated  by  THE  OPEX  with  cut¬ 
off  frequencies  values  between  0.01  Hz  and  0.1  Hz. 

On  figure  6,  the  5  dB  attenuation  curve  is  below  the  10  dB 
attenuation  curve  which  itself  is  below  the  20  dB 
attenuation  curve.  But  this  global  behaviour  is  not  verified 


by  the  30  dB  attenuation  curve  ;  this  can  be  due  to  the  poor 
number  of  30  dB  attenuation  events  observed  in  May,  which 
is  approximately  50  as  shown  on  figure  5. 

Actually,  it  seems  that  observed  fadings  are  not  solely  caused 
by  rain  events  :  as  a  matter  of  fact  1 0  dB  attenuation  on  the 
path  can  be  caused  either  by  a  large  cloudy  cover  or  by  a  weak 
localized  precipitation.  Consequently,  the  curves  of  figure  5 
do  not  follow  log-normal  statistics  as  could  be  expected  from 
THE  OPEX  and  [10]. 

Nevertheless,  it  is  important  to  remember  that  this  study 
turned  on  one  month  collected  data  and  statistics  over  a 
longer  period  are  required  before  any  definite  trend  can  be 
established. 

Furthermore,  radioelectrical  data  should  be  corrected  with 
meteorological  data ;  for  example,  rain  events  should  be 
separately  analysed,  and  RODIN  and  rain-gauge  data  will  be 
used  for  that  purpose. 

3.3  Future  orientations 

First  objectives  of  the  campaign  were  to  acquire  a  know-how 
for  the  different  participants  (CELAR,  CERT  and  CRA)  for 
this  kind  of  measurement  in  order  to  prepare  STENTOR 
experiment. 

After  some  starting  problems,  the  campaign  is  working  on  a 
nominal  way  and  first  results  described  here  above  tend  to 
show  a  real  interest  to  pursue  CELESTE  on  a  longer  time. 

As  it  is  mentionned  above,  at  least  three  years  of 
measurements  are  necessary  to  get  reliable  statistical  data, 
therefore  it  seems  reasonnable  to  go  on  CELESTE 
experimentations  until  the  launching  of  STENTOR. 

In  addition,  it  would  be  valuable  to  upgrade  the 
instrumentation  involved  :  EHF  link,  RODIN  radar,  35  GHz 
radiometre  and  meteorological  sensors. 

Moreover  one  of  the  difficulties  noted  in  such  an  experiment 
is  to  correlate  different  kinds  of  data  (radioelectrical  link, 
radar  and  radiometric  measurements,  meteorological  data). 

At  the  moment,  some  home-made  softwares  are  running  for 
CELESTE  exploitation,  but  it  would  be  necessary  to  use  more 
powerful  tool  to  realize  more  advanced  analysis. 

To  achieve  this  aim,  it  would  be  necessary  to  dispose  of 
power  software  tools  such  as  DAPPER  used  for  THE 
OPEX  [14]. 

4.  CONCLUSIONS 

The  objectives  of  this  paper  were  to  display  French  DGA 
policy  about  Earth-Space  propagation  in  the  EHF  band. 

Whereas  currently  available  models  were  validated  up  to 
Ka  band  by  previous  experimentation  campaigns  carried  out 
until  now,  such  as  THE  OPEX  managed  by  ESA,  it  appeared 
some  needs  for  further  experimentations,  especially  for  new 
satellite  telecommunication  systems  characterised  by  higher 
frequency  bands  and  low  service  disponibilities. 

French  strategy  in  this  domain  has  been  oriented  in  two 
directions  :  at  the  end  of  the  century,  the  launching  of  a 
propagation  experiment  in  relation  to  the  future  CNES 
technological  satellite  project  STENTOR,  and  until  that,  the 
"CELESTE"  campaign  since  the  beginning  of  1995. 

The  characteristics  of  STENTOR  experiment  were  clarified  : 

•  launching  of  the  satellite  at  the  end  of  1999  by 
Ariane  5, 

•  realization  of  a  EHF  payload  divided  into  two 
subsystems  :  a  transparent  repeater  to  permit  EHF 
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transmission  experimentations  with  different 
waveforms  and  different  propagation  conditions,  and 
two  experimental  propagation  beacons  to  assess 
specific  effects  encountered  in  temperate  and  very 
rainy  climates, 

•  supply  of  two  coverage  areas  :  European  like 
OLYMPUS  and  a  new  kind  of  coverage  on  equatorial 
regions, 

•  experimentation  propagation  subsystem  including 
two  beacons  at  20.7  GHz  and  41.4  GHz,  with  an 
EIRP  of  respectively  18  dBW  and  22  dBW. 

In  second  chapter,  CELESTE  propagation  experiment  was 
described. 

As  the  geometry  of  the  propagation  path  used  for  CELESTE 
is  particular,  due  to  its  extremely  low  elevation  angle,  one 
can  expect  non  usual  results  from  the  measured  data. 

It  has  already  been  noticed,  for  example,  that  contributions 
of  clouds  and  the  atmospheric  gases  to  the  total  attenuation 
can  not  be  neglected  on  such  a  path. 

One  can  also  expect  scintillations  to  be  very  strong  on  such 
a  very  slant  path. 

Secondly  it  must  be  pointed  out  that  measured  distributions 
presented  here  are  only  from  early  experimental  data 
obtained  during  the  five  first  months  and  this  is  a  too  short 
period  for  cumulative  distributions  to  be  representative  and 
to  be  comparable  to  prediction  models. 

Nevertheless  experimental  and  predicted  distributions  are  not 
so  far  from  each  other,  which  is  a  promising  result. 
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Figure  2  :  Geographical  location  of  the  CELESTE  experiment. 
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1.  INTRODUCTION 

L’dvolution  de  la  technologic  du  numdrique  et  la 
gdndralisation  des  radiocommunications  numdriques  a  ouvert  au 
traitement  du  signal  un  champ  d’ application  trds  vaste  pour 
mettre  en  oeuvre  la  panoplie  de  ses  outils  thdoriques  et  matdriels 
au  service  de  la  transmission  de  1 ’information. 

Les  quantitds  d’information  a  transmettre  sont  de  plus  en 
plus  importantes.  Elies  concernent  la  voix,  support  du 
commandement,  mais  aussi  les  transmissions  de  dormdes,  les 
FAX,  les  images 

Les  radiocommunications  militaires  dont  la  couverture  va 
de  la  VLF  jusqu’au  millimdtrique  se  heurtent  toutes  &  des 
demandes  croissantes  d’automatisation  et  d’augmentation  du 
ddbit  &  transmettre.  Cet  accroissement  de  performances  doit  se 
faire  en  conservant  les  spdcificitds  propres  des  applications 
militaires,  par  rapport  aux  radiocommunications  civiles,  que  sont 
la  rdsistance  au  brouillage  I’dcoute  et  a  I’intrusion. 

La  rdsistance  aux  interfdrences  est  une  autre  de  ses 
demandes.  Elle  va  de  pair  avec  I’occupation  croissante  du 
spectre  de  frdquences  qui  avec  le  ddveloppement  conjoint  des 
radiocommunications  militaires  et  de  la  radiotdldphonie  cellulaire 
civile,  devient  une  denrde  extrdmement  rare  . 

Ces  exigences  conduisent  a  pousser  aux  “limites” 
I’utilisation  du  canal  de  communication  pour  obtenir  des 
radiocommunications  de  trds  bonne  qualitd  . 

Parmi  ces  “  limites”  la  prdsence  de  trajets  multiples  en 
particulier  en  zone  urbaine  et  d ’interfdrences  volontaires  ou  non 
sur  le  canal  de  transmission  sont  des  facteurs  aujourd’hui 
primordiaux  pour  dimensioimer  les  performances  des  systdmes 
de  radiocommunication  militaires  et  civils. 

L’objet  de  cet  article  est  de  foumir  une  vision  des 
principales  solutions  offertes  par  le  traitement  du  signal  pour 
adapter  les  radiocommunications  a  un  canal  pertuibd. 

2.  CODAGE  SOURCE  :  LE  CODAGE  DE  LA  PAROLE 

2.1  Introduction 

Les  Informations  a  transmettre  proviennent  de  sources 
diffdrentes,  soit  par  nature  numdriques  (fichiers,..),  soit 
analogiques  (parole,  viddo).  Le  souci,  d’une  part  de  sdcuriser  la 
transmission  au  sens  cryptologic,  d’autre  part  de  rdsister  aux  aldas 
du  canal  par  1 ’usage  de  techniques  performantes  (dtalement  de 
spectre,  codes  correcteurs)  a  dtd  le  moteur  de  Lessor  des 
techniques  de  numdrisation  et  de  compression  des  sources 
analogiques,  portd  par  le  ddveloppement  des  communications 
numdriques.  Ainsi  deux  classes  de  sources  numdriques 
apparaissent  :  les  sources  de  type  fichier  (donndes 
lnformatlques,fax,  images,..),  comprimdes  ou  non;  les  sources  de 


type  “animdes”  (parole,viddo)  ndcessitant  une  synthdse  temps 
rdel  continue  de  I’information.  De  ce  point  de  vue,  seul  ces 
demidres  font  I’objet  d’un  vdritable  codage  source. 

Par  la  suite  nous  ne  traiterons  que  le  codage  de  la  parole  qui 
est  I’objet  du  commandement  et  la  source  d’information 
premidre  ayant  focalisde  I’attention  des  transmetteurs. 

2.2  Les  codeurs  de  parole 

Le  codage  de  la  parole  dans  la  bande  tdldphonique  (300- 
3400  Hz)  a  donnd  lieu  au  ddveloppement  d’un  grand  nombre  de 
codeurs  sur  toute  une  plage  de  ddbit  aUant  de  dOObps  d  64Kbps. 
On  distingue  traditionnellement  trois  grandes  techniques  de 
codage  : 

-  k  haut  ddbit,  le  codage  par  dchantillon  auxquels 
appartierment  le  PCM64,1’ADPCM32  et  les  CVSD  32  &  16Kbps, 

-  d  moyen  ddbit,  le  codage  par  forme  d’onde  oh  Ton 
cherche  d  minimiser  la  distance  entre  la  “forme  d’onde” 
synthdtisde  et  le  signal  original  :  I’optimisation  a  lieu  en  boucle 
fermde.  C’est  le  domaine  des  codeurs  de  4  d  16Kbps  oh  excelle 
la  mdthode  d’analyse-par-synthdse  associde  d  la  technique  CELP, 
le  codeur  CELP4800  bps  dtant  intdgrd  dans  des  dquipements 
militaires, 

-  d  bas  ddbit,  le  codage  paramdtrique  cherchant  d  obtenir  le 
meilleur  rendu  acoustique  du  signal  synthdtique  sans  forcdment 
approcher  I’original  :  le  calcul  des  paramdtres  est  mend  en  boucle 
ouverte.  C’est  le  domaine  des  codeurs  analyse-et-synthdse  basd 
sur  la  technique  LPC.  Les  ddbits  offerts  vont  de  2400  d  800  bps 
(soit  une  compression  d’un  facteur  80  par  rapport  au  PCM64 
pour  ce  dernier!). 

Ces  diffdrents  codeurs  sont  ddcrits  dans  la  littdrature 
spdcialisde.  Par  ailleurs  les  codeurs  de  parole  font  gdndralement 
I’objet  de  normalisations  internationales  pour  garantir 
I’interopdrabilitd  (cf  figure  1). 

2.3  Les  caractdristiques  des  codeurs 

Les  caractdristiques  d’un  codeur  de  parole  sont  sa  qualitd  de 
restitution  de  la  parole,  sa  complexitd  de  calcul  et  son  ddlai  de 
traitement. 

La  qualitd  d’un  codeur  de  parole  est  mesurde  par  des  tests 
subjectifs.  On  distingue  les  tests  d’intelligibilitd  tels  que  le 
“Diagnostic  Rime  Test”  (DRT)  et  les  tests  d’agrdment  d’dcoute 
type  “Diagnostic  Acceptability  Measure”  (DAM)  ou  “Mean 
Opinion  Score”  (MOS).  Une  description  de  ces  mdthodes  de  tests 
pent  dtre  trouvde  dans  la  littdrature  spdcialisde. 

La  figure  1  donne  une  indication  de  la  qualitd  des  trois 
families  de  codeurs.  Si  Ton  fait  abstraction  des  codeurs  anciens, 
on  constate  une  convergence  en  ddbit  et  qualitd  des  codeurs 
militaires,  tdldphoniques  et  radiocoms  vers  le  ddbit  de  4  h  4.8 
Kbps. 
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Figure  1  :  Qualiti  des  codeurs 

La  complexity  des  codeurs  est  aussi  un  paramfetre  important, 
surtout  quand  il  s’agit  de  les  intygrer  dans  un  yquipement 
portable.  La  figure  2  prysente  cette  complexity  en  MIPS  d’un 
DSP  effectuant  une  multiplication-accumulation  en  un  cycle 
machine. 

Les  codeurs  par  ychantillons  sont  les  moins  complexes  et  ont 
fait  I’objet  de  ryalisations  de  composants  spycialisds,  ex  le  CVSD 
16Kbps,  rADPCM32Kbps.  Pour  les  vocodeurs  normalisys,  la 
complexity  a  suivi  au  cours  du  temps  I’yvolution  des  possibilitys 
des  DSP.  Ainsi  la  technique  CELP  a  4800  bps  n’a  yty  intygrable 
qu’au  milieu  de  la  ddcennie  80.  Pour  un  ddbit  donny,  cette 
possibility  d’yvolution  de  la  complexity  s’accompagne  d’une 
yvolution  significative  de  la  quality.  Un  exemple  est  reprysenty 
par  le  vocodeur  2400bps  :  une  yvolution  significative  de  la  quality 
(3  pts  de  DRT)  a  lieu  tous  les  7  ans  avec  un  doublement  de  la 
complexity,  cette  yvolution  ayant  d’abord  eu  lieu  au  sein  de  la 
norme  STANAG4198  par  amyiioration  des  algorithmes 
(2400LPC10V52)  et  maintenant  par  le  dyveloppement  de 
nouvelles  techniques  de  type  harmonique  ou  multibande 
(nouveau  Standard  Edd.  US). 


Finalement  le  ddlai  de  traitement  d’un  codeur  est  la  demiSre 
caractyristique  a  prendre  en  compte  dans  une  analyse  systfeme. 
Les  codeurs  par  ychantillons  ont  un  ddlai  trds  falble  (quelques 
ychantillons  S  8  ou  16KHz)  alors  que  les  vocodeurs  4800  ou 
2400  ont  des  ddlais  de  100  i  200  ms  ce  qui  devient  significatif. 

On  observe  aujourd’hui,  dans  le  cas  de  la  tyidphonie,  le 
dyveloppement  de  codeurs  “low  delay”  (LD)  pour  remplacer  le 
PCM64K  ou  l’ADPCM32K.  Une  des  consdquences  de  cette 
contrainte  faible  ddlai  est  un  accroissement  de  la  complexite,  cf 
figure  2. 

2.4  L’utilisation  des  codeurs 

La  premidre  utilisation  des  vocodeurs  est  bien  sflr  la 
cryptophonie  haute  sycurity,  associds  a  un  chiffre  numdrique. 
C’est  ce  besoin  qui  a  rdpandu  I’usage  du  vocodeur  2400LPC10 
au  ddbut  des  anndes  80  pour  les  CHS  tdldphoniques  &  les  liaisons 
HF  (dquiperaent  ANDVT  ou  STANAG4197),  les  modems  de  ces 
liaisons  dtant  limitds  en  ddbit  utile. 

L’autre  intdrSt  de  I’usage  des  vocodeurs  repose  dans  le  fait 
qu’ll  permet  de  bdnyficier  des  techniques  de  protection  des 
communications  numdriques  face  aux  aldas  du  canal  de 
transmission,  propagation  et  brouillage. 

Premier  exemple  :  la  normalisation  OTAN  HFECCM. 

La  transmission  de  la  phonie  sous  les  contraintes  HF  ECCM 
(propagation  &  brouillage  sdvdre)  a  ndcessitd  le  ddveloppement  et 
la  normalisation  d’un  codeur  800  bps  avec  des  codes  coirecteurs 
optimisds  vis-i-vis  de  la  source  et  de  la  transmission  selon  le 
Stanag4444,  rdffl].  Ceci  a  fait  I’objet  du  Stanag4479. 
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Figure  2  :  Complexiti  des  codeurs 

Un  autre  aspect  est  la  rdsistance  intrinsdque  du  codeur  aux 
erreurs  de  transmissions  ;  celle-ci  croit  avec  le  ddbit,  de  quelques 
pour  mille  H  800bps  jusqu’a  10%  pour  le  CVSD16Kbps,  en 
passant  par  quelques  pour  cent  pour  les  vocodeurs  2400  ou 
4800bps. 


Le  codeur  800bps  utilise  les  algorithmes  d’analyse  et  de 
synthdse  du  codeur  2400LPC10  (Stanag4198),  la  compression  de 
ddbit  dtant  obtenue  principalement  par  I’exploitation  des 
intercorrdlations  entre  les  paramdtres  de  trames  d ’analyses 
jointives  :  le  800  bps  code  en  bloc  trois  trames  LPCIO  (cf  figure 
3). 
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1  bit 

- 

54  bits 
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Figure  3  :  Tramage  des  codeurs  2400  &  800  bps 
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Ce  codeur  est  associd  i  un  code  correcteur  de  type  RS,  un 
mot  de  code  correspondant  a  une  supertrame  800bps  ce  qui 
permet  de  bdneficier  en  rdception  de  I’information  de  trame 
erronde  et  de  mettre  en  oeuvre  des  techniques  de  lissage  entre 
trames  att6nuant  la  perturbation  du  canal  sur  la  phonic  restitude. 
L’information  codde  est  ensuite  entrelacde  sur  les  paliers  ECCM, 
de  manidre  adaptde  aux  paliers  pour  optimiser  la  rdsistance  aux 
paliers  brouillds  en  minimisant  le  ddlai  de  I’entrelaceur. 

Deuxidme  exemple  :  I’introduction  des  vocodeurs  dans  le 
poste  VHF/ECCM  PR4G,  rtf  [2]  &  [3], 

THOMSON  a  mis  en  oeuvre  dans  le  poste  PR4G,  en 
alternative  au  codeur  CVSD  16Kbps,  des  vocodeurs  i  800,  2400  & 
4800  bps.  Ceci  a  dtd  rendu  possible  grSce  au  ddveloppement 
technologique  d’Asic  &  coeur  de  DSP. 

Le  codeur  a  4800  bsp  offre  une  qualitd  de  phonie 
intrinsdquement  meilleure  que  le  CVSD  et  le  ddbit  libdrd  pemet 
d’utiliser  des  codes  correcteurs  jusqu’i  16Kbps  pour  assurer  une 
portde  dquivalente  (ne  pas  oublier  que  le  codeur  4800  est  plus 
sensible  aux  erreurs)  et  surtout  accroitre  la  rdsistance  au 
brouillage.  Quant  4  lui,  le  codeur  800bps,  issu  du  Stanag4479, 
assure  une  communication  phonie  de  dernier  recours  meme  dans 
les  pires  conditions  de  brouillage.  Ceci  a  dtd  dvalud  lors  d’essais 
opdrationnels,  la  figure  4  ci-dessous  indique  la  qualitd 
opdrationneUe  des  codeurs  sur  une  dcheUe  de  1  a  5. 
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50% 
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4- 

3-1- 

1-1- 

0K8  codd  16K 

3-1- 

3 

3- 
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Figure  4  :  Performances  opirationnelles  avec  paliers  brouilles 

Cette  performance  n’a  pu  6tre  obtenue  que  par  une 
optimisation  conjointe  du  codage  source  et  du  codage  canal  car  : 

-  tous  les  bits  d’une  trame  vocodeur  n’ont  pas  la  mfime 
sensibilirt  aux  erreurs  (ou  sont  plus  importants  pour 
I’intelligibilirt  finale  de  la  phonie)  :  les  bits  importants 
bdnSficient  d’lme  redondance  plus  importante, 

-  il  fallait  obtenir  une  infonnation  de  trame  vocodeur  effac6e 
pour  lisser  efficacement  les  erreurs  de  transmission, 

-  dans  des  conditions  sans  interferences,  la  qualirt  phonie 
doit  6tre  supdrieure  au  CVSD  quand  la  propagation  est  bonne  et 
pemiettre  une  portae  Squivalente. 

Le  compromis  a  6t6  realise  par  Tusage  de  codes  concartnes, 
codes  en  bloc  binaires  interne  aux  paliers  et  codes  RS  entrelaces 
en  exteme  (cf  rdf.  [3]). 

2.5  L’evolution  des  codeurs  militaires 

Les  codeurs  normalises  OTAN  sont  le  CVSD16K  et  le 
2400LPC10,  le  premier  utilise  pour  les  communications  du 
champ  de  bataille  ou  pour  les  communications  aeronautiques,  le 
second  surtout  employe  pour  les  CHS.  L’OTAN  a  egalement 
normalise  un  800bps.  Nous  avons  vu  ci-dessus  leurs  usages. 

Au  deia  de  ces  exemples,  les  perspectives  tracees  par  le  PG6 
suggferent  &  terme  I’utilisation  de  trois  codeurs  : 

-  un  codeur  primaire  de  trfes  bonne  qualirt  (celle  de  la 
techno.  4800  bps  d’aujourd’hui)  pour  I’usage  general  et 
I’interoperabilirt  de  bout  en  bout  des  communications  phonie  : 


du  telephone  au  poste  du  champ  de  bataille  en  passant  par  les 
rdseaux;  ce  codeur  primaire  serait  potentiellement  un  nouveau 
codeur  2400  bps  qui  sera  prefigure  par  le  resultat  de  la 
normalisation  federate  US  en  cours  ll  2400  bps  (action  DVPC). 

-  un  codeur  de  qualirt  quasi-rtrtphonique  pour  les  liaisons 
entre  V.I.P.;  ce  codeur  secondaire  devrait  avoir  un  debit  objectif 
de  4  a  4.8Kbps,  remplacer  les  4800bps  actuels  en  ameiiorant  la 
qualirt  ce  qui  passe  egalement  par  une  reduction  du  deiai.  Ce 
codeur  sera  sans  doute  la  passerelle  vers  le  monde  civil  et  la 
normalisation  UlT  a  4Kbps  qui  va  demarrer  est  peut  6tre  la  bonne 
reponse; 

-  un  codeur  pour  les  liaisons  difficiles  (mauvaise  propagation 
HF  ou  severes  conditions  de  brouillage).  Ce  codeur  secondaire  est 
actueUement  le  codeur  a  800  bps.  A  I’instar  des  efforts  a  2400 
bps,  il  conviendrait  d’en  ameiiorer  la  qualirt. 

Cette  evolution  pour  les  5  prochaines  annees  va  entrainer 
egalement  un  accroissement  de  la  complexirt  pour  une  meilleure 
qualirt  :  40  MIPS  seront  sans  doute  attaints  ce  qui  reste 
compatible  de  la  technologie  des  ASIC  a  coeur  de  DSP  qui  offrira 
a  court  terme  cette  puissance  et  a  moyen  terme  80  MIPS, 
permettant  ainsi  I’inrtgration  des  fonctions  compiementaires 
codage  canal  et  modem  dans  la  perspective  d’ applications 
portables. 

3.  CODAGE  CANAL  :  LES  CODES  CORRECTEURS 

D’ERREURS 

3.1  Introduction 

Par  rapport  aux  communications  analogiques,  les 
transmissions  numdriques  ont  I’avantage  de  permettre  en  th6orie 
des  communications  sans  erreurs.  Dans  ce  but  on  ajoute  de  la 
redondance  aux  Informations  a  transmettre  pour  permettre  de 
ddtecter  et  dgalement  corriger  les  erreurs  survenues  lors  de  la 
transmission:  si  une  transmission  sans  erreur  est  requise,  la 
ddtection  permet  de  demander  la  rdpdtition  de  tout  ou  partie  du 
message.  L’essor  des  communications  numdriques  a  vu  le 
ddveloppement  de  nombreuses  techniques  de  codes  correcteurs 
dont  les  plus  classiques  sont  aujourd’hui  disponibles  par  le  biais 
de  composants  specialises. 

3.2  Les  differents  codes  correcteurs 

Si  le  debit  d ’information  a  transmettre,  pour  un  canal 
donne,est  inferieur  au  debit  critique,  il  est  theoriquement  possible 
d’obtenir  un  taux  d ’erreur  aussi  faible  que  souhairt  (a  condition 
de  trouver  le  codage  correcteur  optimal  et  de  ne  pas  avoir  de 
contrainte  de  deiai  de  transmission).  Le  code  detecteur  ou 
correcteur  modifie  de  fa^on  connue  la  suite  de  symboles  a 
transmettre  de  telle  sorte  que  les  messages  suceptibles  d’etre  emis 
soient  les  plus  “distants”  les  uns  des  autres  (cas  des  codes 
convolutionnels)  ou  encore  -  soient  “redondants”  c’est  a  dire  que 
le  message  peut  etre  reconstitud  a  partir  d’une  portion 
correctement  re?ue  (cas  des  codes  en  blocs). 

Les  codes  convolutionnels  sont  par  nature  efficaces  vis-a-vis 
de  perturbations  uniformes,  les  codes  en  blocs  traitant  plus 
efficacement  les  paquets  d’erreurs.  Ces  difrtrents  codes  sont 
ddcrits  abondament  dans  la  littdrature,  rdf  [4]&[5]  par  exemple. 

3.3  L’utilisation  des  codes  correcteurs 

Le  ddmodulateur  foumit  au  ddcodeur  soit  des  symboles 
ddcidds,  soit  des  symboles  associds  a  une  note  de  qualitd.  Dans  ce 
dernier  cas,  le  gain  de  codage  peut  dtre  grandement  amdliord  (2 
dB  env.  pour  les  codes  convolutionnels  sur  canal  Gaussien)  mais 
il  convient  que  cette  information  soit  statistiquement  fiable;  dans 
le  cas  contraire  il  vaut  mieux  travaiUer  avec  les  symboles  ddcidds. 
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Lorsque  la  liaison  est  affect^e  d’6vanouissements  ou  de 
brouillage,  il  est  souvent  indispensable  d’utiliser  des  dispositifs 
d’entrelacement  pour  que  les  perturbations  affectant  des 
symboles  successifs  i  I’entr^e  du  d^codeur  soient  statistiquement 
inddpendantes  (canal  sans  m6moire)  :  dans  ces  conditions  les 
codes  convolutionnels,  par  ex.,  donnent  des  performances 
optimales. 

Pour  accroitre  la  performance  d’un  codage  correcteur 
d’erreur,  le  concepteur  peut  proposer  des  codes  concat6nds. 

Un  premier  exemple  est  le  code  utilise  pour  les  sondes 
spatiales  :  un  code  interne  (proche  du  canal)  de  type 
convolutionnel  prot&ge  I’information  transmise  mais  4 
rinconvdnient  de  foumir  des  erreurs  par  paquets;  ces  paquets 
d’erreurs  sont  ensuite  conigds  par  un  code  exteme  de  type  RS. 
Cette  concatenation  apporte  un  gain  de  2dB  a  TEB=10-5. 

Deuxibme  exemple  ;  dans  le  cadre  du  poste  VHF/EVF  PR4G, 
un  compromis  est  r6alis6  entre  une  performance  en  port6e 
(erreurs  uniformes)  et  une  resistance  au  brouillage  (paquets 
d’erreurs).  De  plus  une  detection  des  paliers  brouilies  est 
souhaitable.  Le  choix  s’est  porte  sur  un  code  en  bloc  binaire 
interne  BCH  par  palier,  corrigeant  les  erreurs  isoiees  et  detectant 
les  paliers  brouilies  et  un  code  exteme  RS,  entrelace  sur  les  paliers 
pour  apporter  la  resistance  aux  paliers  brouilies.  Ce  schema  est 
relativement  performant  comme  Ton  montre  les  resultats 
presentes  au  §2.4  au  sujet  de  la  phonie  vocodee. 


3.4  L’exemple  des  modulations  codecs 

Lors  du  choix  d’un  code  correcteur,  il  convient  d’examiner 
la  capacite  requise  (en  nombre  de  bits/s/Hz)  pour  la  transmission. 
Si  celle-ci  est  inferieure  h  1, 1’usage  d’un  codage  interne  de  type 
binaire  associe  &  une  modulation  binaire  est  satisfaisant.  Par 
contre,  pour  les  demandes  de  forte  capacite  on  utilisera  des 
constellations  de  signaux  avec  un  alphabet  de  taille  eievde  associe 
&  des  modulations  codecs,  apparues  dans  la  litterature  scientifique 
depuis  1976.  Celles-ci  ont  ete  developpees  dans  le  but 
d’optimiser  I’efficacite  spectrale  des  transmissions,  c.  a  d.  asssurer 
le  meilleur  compromis  possible  entre  la  bande  passante  utilisee  et 
les  performances  obtenues. 

Les  modulations  codecs  reposent  sur  le  developpement 
conjoint  du  codage  et  de  la  modulation.  L’optimisation  est 
realisee  i  la  fois  sur  le  codeur  et  sur  I’affectation  des  signaux  de 
modulation  aux  sequences  de  bits  codes  (“mapping”),ces  deux 
etapes  etant  Intimement  liees.  Le  schema  de  principe  figure  ci- 
aprSs. 


-  k’  bits  passent  effectivement  par  un  codeur  (gendralement  de 
type  convolutioimel)  et  permettent  de  partitionner  la  constellation 
de  signaux  en  2(k'+p)  sous-ensembles, 

-  (k-k’)  bits  ne  sont  pas  traites  et  seiectionnent  le  signal  de 
modulation  parmi  les  2(>‘  -k’)  signaux  du  sous-ensemble  considere. 
Ce  type  de  codage  est  representable  par  un  treillis  oil  chaque 
branche  se  voit  attribuer  le  signal  de  modulation  resultant  de  la 
fonction  de  mapping. 

Les  modulations  codecs  ont  ete  d’abord  optimisees  pour  des 
canaux  gaussien.  Elies  ont  ete  mises  k  I’honneur  par  le  CCITT 
qui  a  normalise  de  nombreux  schemas  pour  les  modems 
teiephoniques  haut  debit  (V17,  V32,  V33,..). 

Ce  codage  peut  egalement  etre  optimise  pour  des  canaux 
non-stationnaires  tels  que  rencontres  en  HF.  En  association  avec 
son  modem  parallfele  coherent,  THOMSON  a  optimise  des 
modulations  codecs  pour  un  modem  HF  offrant  un  debit  net  de 
4800  bps.  Le  gain  de  codage  en  canal  Rayleigh  est  represente  ci- 
aprSs. 
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Figure  6  :  Performances  en  HF 

Ces  modulations  codecs  ont  ete  validees  sur  signaux  reels 
entre  Paris  et  Cholet  (300  km)  et  ont  permis  d’obtenir 
frequemment  des  taux  d’erreurs  voisins  de  10  '*  pour  une 
emission  de  I’ordre  de  300W.  Associees  il  une  modulation 
256QAM,  des  transmissions  exploitables,  &  plus  de  7Kbps,  ont  ete 
obtenues  dans  les  mSmes  conditons  (avec  2.7Khz  de  bande 
passante). 


3  J  Les  turbo-codes 

Les  possibilites  offertes  par  le  traitement  numerique 
(puissance  de  calcul,  rupture  de  la  causalite  par  memorisation)  et 
la  recherche  de  performances  proches  de  1 ’optimum  ont  stimuie 
la  recherche  de  nouveaux  codes.  Ainsi  est  apparue  recemment 
(ref  [6])  une  nouvelle  classe  de  codes  convolutionnels  appeies 
“Turbo-codes”,  dont  les  performances  en  termes  de  taux 
d’erreurs  binaires  (TEB)  sont  proches  de  la  limite  de  Shannon 
(Eb/N0=0  dB  dans  le  cas  d’unc  demodulation  coherente  binaire). 
Ces  codes  sont  construits  par  une  concatenation  paraUeie  de  deux 
codes  convolutionnels  recursifs  et  systematiques,  cf  figure  7 


Figure  5  :  Modulations  cod6e 
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Figure  7  :  Turbo-code  (codeur) 

Le  dficodage  dldmentaire  est  rdalisS  a  I’aide  de  la  mise  en 
sdrie  des  ddcodeurs  relatifs  a  chaque  codeur,  tenant  compte  de 
I’entrelaceur  interne  et  du  caractSre  systSmatique.  La  sortie  du 
ddcodeur  doit  obligatoirement  foumir  une  information  de 
quality:  des  algorithmes  de  type  SOVA  (“Soft  Output  Viterbi 
Decoder”)  ont  6t6  ddveloppds  a  cet  usage  rdf  [7]. 

Par  construction,  ce  ddcodeur  foumit  une  information 
suppldmentaire  Wk,  corrdlde  avec  la  donnde  utile  Dk  et  faiblement 
corrdlde  avec  les  entrdes  du  ddcodeur  grtce  a  I’entrelaceur 
interne.  Ainsi  cette  variable  agit  comme  une  source  de  diversity 
pour  une  nouvelle  tentative  de  ddcodage.  Ce  ddcodage 
dldmentaire  est  done  mis  en  cascade,  chaque  dtape  amdliorant  la 


Ces  nouveaux  codes  permettent  de  s’approcher  de  la  limite 
de  Shannon,  pour  peu  que  la  puissance  de  calcul  soit  disponible 
et  que  le  ddlai  de  ddeodage  soit  compatible  du  type 
d’inforraation  transmise  (la  phonie  nuradrique  semble  exclue). 
Exemple  pour  un  code  de  redondance  2,  rdf  [6]  : 


\  Eb/NO  pour  un  TEB  de  10-5  (codage  binaire) 

Shannon 

Nombre  d'it6rations  | 

0 

(non  cod^) 

1 

2 

3 

6 

18 

OdB 

9.6  dB 

4.6  dB 

2.7  dB 

1.8  dB 

1.0  dB 

0.7  dB 

Ces  nouveaux  codes  ont  dgalement  rdeemment  dtd  associds  a 
des  modulations  M-aires  (M-PSK  ou  M-QAM)  amdliorant  de 
I’ordre  de  2  dB  les  performances  des  modulations  coddes  (MC), 
en  canal  gaussien  a  TEB=10-5.  Ils  semblent  dgalement  adaptds  a 
la  transmission  sur  canaux  perturbds  type  Rayleigh,  HE  par 
exemple,  oil  ils  affichent  un  gain  de  plus  de  4  dB  par  rapport  aux 
MC  (cf  idf  [8]). 


4.  TECHNIQUES  MODEM 

4.1  Modulations  a  bande  dtroite 

En  communications  numdriques,  le  choix  d’une  modulation 
rdsulte  toujours  du  compromis  entre  la  bande  disponible  et  le 
bilan  dnergdtique  atteignable,  ceci  pour  un  service  donnd.  Savoir 
si  un  systdme  donnd  doit  utiliser  une  modulation  associde  a  un 
codage  pour  ralnimiser  I’dnergie  requise,  ou  dans  I’autre 
dimension,  pour  minlmiser  la  bande  passante  occupde,  ddpend  du 
coflt  de  chaque  dimension.  Les  communications  par  satellite 
dolvent  optimiser  le  bilan  de  liaison  par  exemple,  alors  que  les 
rdseaux  de  radiocommunications  cellulaires  optimisent  la  bande 
passante. 

La  figure  9,  extraite  de  rdf  [9],  donne  le  positionnement  dans 
le  plan  Eb/NO  (dnergie)  &  Brf.Tb  (bande  passante  radio 
normalisde  par  le  rythme  bit)  des  modulations  les  plus  usitdes, 
coddes  ou  non.  Sont  prdsentes  ; 

-  les  modulations  lindaires  de  phase,  type  QPSK,  Elies  sont  a 
enveloppe  constante  mais  perdent  cette  caraetdristique  quand  elles 
sont  filtrdes  pour  accroitre  leur  efficacitd  spectrale. 

-  les  modulations  lindaires  d’amplitude  et  de  phase,  type 
QAM.  Elles  sont  incontoumables  pour  obtenir  une  grande 
efficacitd  spectrale  (4  bits/S/Hz  par  ex.)  et  peuvent  dtre  trds 
efficientes  en  dnergie  quand  elles  sont  assocides  aux  modulations 
coddes. 

-  les  modulations  de  frdquence  i  phase  continue,  dont 
I’exemple  type  est  la  MSK.  Des  ddveloppements  rdeents  ont 
permis  de  ddfinir  des  CPM  multi-dtats  rdlativement  performantes 
en  terme  d’efficacitd  spectrale  ce  qui  est  intdressant  pour  les 
applications  de  radiotdldphonie  portable  ou  portative  oil  la 
caraetdristique  d’enveloppe  constante  permet  une  simplification 
de  la  radio  et  une  minimisation  de  la  consommation  du  poste 
(ampli  en  classe  C,  F.I.  limitdes,..) 


Figure  9  :  Ejficaciti  spectrale  d  TEB=10-^ 


4.2  La  ddmodulation 

Dans  la  suite  nous  nous  pla5ons  dans  le  cas  de  la 
ddmodulation  cohdrente  de  modulations  lindaires. 

Le  ddmodulateur  rdalise  les  opdrations  suivantes  (cf  figure 
10),  dans  I’ordre  chronologique  gdndralement  en  phase 
d’accrochage,  en  paralldle  en  phase  de  poursuite  des  ddrives  : 

-  filtrage  adaptd  ii  la  modulation 

-  ddtection  du  signal  et  synchronisation 

-  rdcupdration  du  rythme 

-  rdcupdration  de  la  porteuse  (frdquence  et  phase) 

-  ddmodulation  proprement  dite  avec  ddcision  souple. 

La  ddcision  souple,  gdndralisde  par  I’usage  des  traitements 
numdriques,  permet  de  prdsenter  au  ddcodeur  un  canal  dquivalent 
“bruit  gaussien  additif  ’  au  lieu  d’un  canal  binaire  symdtrique  ce 
qui  amdliore  de  plusieurs  dB  le  gain  de  codage. 


qualitd  du  ddcodage. 


Figure  8  :  Dicodeur 


27-6 


Figure  10  :  Dimodulateur 

L’avfenement  des  processeurs  de  traitement  du  signal  ainsi 
que  des  composants  specialises  (ASIC)  a  permis  le  developpement 
de  traitements  numdriques  par  blocs  au  maximum  de 
vraisemblance  pour  les  differents  estimateurs  (temps,  frdqeunce, 
phase);  ainsi  de  nombreuses  realisations  sont  aujourd’hui  a  moins 
de  1  dB  de  la  theorie. 

Le  cas  des  transmissions  dans  des  canaux  prdsentant  des 
multi-trajets  et  des  non-stationnarites  (dvanouissement)  ndcessite 
des  traitements  compldmentaires  :  c’est  le  cas  de  la  HF  ou  des 
transmissions  radiomobiles  en  environnement  urbain. 

La  notion  de  filtre  adapte  integre  I’adaptation  au  canal  de 
transmission  ce  qui  ndcessite  son  estimation.  Celle-ci  est  tdalisee 
periodiquement  par  1’ insertion  de  sequences  de  modulations 
connues  dans  la  communication.  La  presence  de  multi-trajets  de 
propagation  implique  I’utilisation  d’un  dispositif  d’dgalisation 
dans  le  ddmodulateur  dfes  que  Ton  veut  rdaliser  des 
communications  haut-debit,  c’est  &  dire  que  le  rythme  bauds  est 
superieur  a  I’inverse  de  I’etalement  temporel  du  canal. 

Dans  le  cas  des  transmissions  HF,  le  canal  est  souvent 
perturbe  par  des  interferences  bande  etroite  vu  que  la  propagation 
est  difficilement  maitrisable.  Celles-ci  posent  un  double 
probieme.  D’une  part  la  mise  en  place  un  dispositif  de  rejection 
pour  permettre  la  synchronisation  initiate,  prealable  &  tout 
traitement;  d’autre  part,  I’eiimination  de  cette  interference 
pendant  le  processus  de  demodulation  (done  egalement 
d’estlmation  de  canal)  par  blanchiment  du  spectre  par  ex.  Les 
methodes  de  rejection,  rendues  possibles  par  les  traitements 
numeriques,  sont  exposdes  aux  paragraphes  4  et  suivants. 


4.3  L’exemple  des  transmissions  HF 

Le  canal  HF  en  propagation  ionospherique  presente  des 
multi-trajets  fluctuants  qui  erdent  en  reception  des 
evanouissements  sdlectifs  en  frequence  et  de  I’interference 
intersymbole  (mfime  phenorndne  interprdte  dans  la  dimension 
temporelle).  Les  progres  technologiques  ont  donnd  naissance  a 
des  sytSmes  de  transmission  de  donndes  dans  lesquels 
Legalisation  de  canal  et  la  correction  des  erreurs  ainsi  que  des 
techniques  de  modulations  efficaces  autorisent  des  debits  de  2400 
a  9600  bps,  cf  ref  [10]. 

Les  performances  reposent  sur  une  demodulation  cohdrente 
et  une  dgalisation  performante  basde  sur  1 ’estimation  du  canal.  A 
cette  fin  des  symboles  de  rdfdrence  sont  insdrdes  dans  la 
transmission.  Deux  approches  duales  sont  possibles  : 

-  la  premidre  historiquement,  quoique  utilisde  en 
demodulation  diffdrentielle  (ANDVT),  est  I’utilisation  d’un 
modem  paralldle  Ob  les  symboles  de  modulation  sont  rdpartis  sur 
un  multiplex  de  sous-porteuses  moduldes  d  faible  ddbit  (trames 
ayant  typiquement  un  rythme  de  30  b  40  bauds).  Ces  trames 
comportent  un  temps  de  garde  inutilisd  b  la  demodulation  pour 


assurer  une  stationaritd  du  canal  sur  le  symbole  ddmoduld  :  ceci 
permet  de  s’affranchir  de  1’ interference  intersymboles.  Des 
trames  comportant  des  symboles  connus  sont  insdrdes 
regulidrement;  eUes  dchantillonnent  en  frequence  et  en  temps  la 
rdponse  du  canal  HF  et  permettent  ainsi  par  filtrage  et 
interpolation  la  realisation  d’un  dispositif  d’dgalisation  cohdrente 
dans  le  domaine  frdquentiel. 

-  la  deuxidme  approche  est  la  modulation  sdrie  (mono- 
porteuse  modulde)  pour  laqueUe  Legalisation  est  rdalisde  dans  le 
domaine  temporel  d  Laide  de  sequences  de  references  (Synchro- 
Trames  &  Mini-Probes).  Cette  approche  a  dtd  aujourd’hui 
prdfdrde  pour  les  fonmes  d’ondes  normalisdes  prdsentant  un  ddbit 
allant  Jusqu’d  2400  bps. 

En  effet  L  approche  sdrie  est  potentiellement  plus 
performante  que  Lapproche  paralldle  pour  deux  raisons 
principales: 

-  le  facteur  erdte  d’une  modulation  paralldle  est  de  Lordre 
de  10  d  12  dB  compares  aux  4  d5  dB  d’une  modem  sdrie  MPSK 
filtrde, 

-  en  presence  de  multi-trajets,  I’dgaliseur  sdrie  salt  exploiter 
la  diversitd  ce  qui  se  traduit  par  des  courbes  de  TEB  plus  pentues. 

Mais  I’dcart  de  facteur  erSte  peut  dtre  fortement  rdduit :  dans 
sa  realisation  d’un  modem  paralldle  coherent  THOMSON  a 
obtenu  par  derdtage  un  facteur  erSte  de  4  d  5  dB  sans  perte  de 
performance. 

Par  ailleurs,  la  modulation  sdrie  ndeessite  la  mise  en  oeuvre 
d’un  dgaliseur  qui  devient  de  plus  en  plus  complexe  avec 
L  augmentation  du  ddbit.  Ainsi  les  mises  en  oeuvre  courantes 
utilisent-elles  des  dgaliseurs  DFE  “Decision  Feedback  Equalizer” 
ou  DDE  “Data  Directed  Equalizer”  integrant  une  decision  sur  les 
symboles  codds  dans  le  processus  :  ce  faisant  les  performances 
s’dloignent  significativement  des  performances  optimales  du 
maximum  de  vraisemblance  car  ces  symboles  ne  bdndficient  pas 
de  la  protection  du  code  correcteur  et  les  erreurs  sont  propagdes 
dans  I’dgaliseur.  L’approche  sdrie  ndeessiterait  dgalement  une 
optimisation  conjointe  de  Legalisation  et  du  ddeodage  dont  la 
complexitd,  avec  les  algorithmes  connus,  n’est  pas  compatible 
d’une  mise  en  oeuvre  avec  les  DPS  actuels.  Le  modem  paralldle 
peut  quant  i  lui  rester  trds  proche  des  performances  thdoriques 
pour  une  complexitd  rdduite.  Cette  comparaison  est  affichde 
figure  1 1  pour  un  canal  a  trois  trajets  :  les  modems  utilisent  de  la 
8PSK  codde  pour  un  ddbit  utile  de  2400  bps,  les  algorithmes  sont 
simulds  sur  calculateur  (dgalisation  &  suivi  des  ddrives  temps- 
frdquence),  les  performances  sont  compardes  aux  courbes 
thdoriques. 

II  est  cependant  probable  que  dans  un  avenir  proche,  les 
algorithmes  des  modems  sdrie  accomplissent  des  progrds 
significatifs.  Dans  Lintervalle,  les  formes  d’ondes  parallSles 
constituent  un  choix  altematif  de  faible  complexitd  pour  les 
debits  moyens  (<  2400  bps),  et  une  solution  performante  pour  les 
debits  supdrieurs  Jusqu’a  9600  bps. 
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Figure  11  :  Modems  sMe  &  parallile 


5.  TECHNIQUES  DE  REJECTION  DTNTERFERENCES 

BANDE  ETROITE  PAR  EXCISION  DE  SPECTRE 

5.1  M^thodes  classiques 

Le  principe  des  techniques  de  rejection  d’une  interference 
bande  dtroite  par  excision  de  spectre  est  d’utiliser  la  difference 
de  largeur  de  bande  qui  existe  entre  I’interference  bande  etroite 
et  le  signal  utile  considdre  comme  large  bande. 

II  existe  deux  grands  types  de  rndthodes  pour  rdaliser 
I’excision: 

-  la  premiere  rndthode  utilise  I’estimation  de  la  puissance  du 
signal  legu  dans  le  domaine  frequentiel.  Un  banc  de  filtres  permet 
de  decomposer  le  signal  en  sous  bandes.  La  sous  bande  occupde 
par  I’interference  est  mise  k  z6m  ce  qui  pennet  de  reconstruire  le 
signal  traite. 

Le  banc  de  filtres  peut  etre  eiabord  par  transformee  de 
Fourier  ou  &  partir  de  filtres  miroir  en  quadrature,  ou  filtres 
QMF  (quadrature  mirror  filter).  Le  banc  de  filtre  QMF 
consiste  ^  diviser  le  spectre  en  2  sous  bandes  d’dgale  largeur,  4 
sous  echantillonner  par  deux,  a  trailer  les  sous  bandes  (excision) 
et  surtout  reconstituer  un  signal  de  sortie  transparent  aux 
repliements  spectraux  que  Ton  a  pu  provoquer  lots  de  la 
division.  Un  banc  de  filtres  comportant  2"  filtres  peut  Stre  obtenu 
en  rditdrant  I’opdration  prdcddente  n  fois  . 

L’inconvdnient  de  cette  mdthode  est  le  retard  induit  en  vue 
d’une  estimation  conecte  de  la  puissance  de  chaque  sous  bande. 
La  detection  d’un  brouiUeur  est  assez  longue  et  par  consequent 
I’adaptation  de  I’excision  ^  un  brouillage  non  statioimaire  est 
difficile  . 


L’excision  par  filtrage  adaptatif  consiste  k  : 

-  estimer  le  prddicteur  du  signal  re^u  en  minimisant  I’erreur 
quadratique  moyenne  entre  le  signal  refu  et  la  sortie  du 
prddicteur.c’est  4  dire  la  puissance  de: 

Pk  ^n- 

od  Pn  ddsigne  la  rdponse  impulsionnelle  du  prddicteur  estimd  . 

-  filtrer  le  signal  regu  par  le  filtre  blanchisseur  b„=5n-pn  oil  6, 
est  le  symbole  de  Kronecker  qui  vaut  1  pour  n=0  et  zdro 
ailleurs.  C’est  le  filtre  blanchisseur  qui  rdalise  I’excision 

L’architecture  du  filtre  est  donnde  sur  la  figure  12. 


Pour  estimer  le  prddicteur  il  existe  une  grande  varidtd  de 
critdres  et  d’algorithmes  possibles  . 

Le  critdre  d’optimisation  est  gdndralement  du  type  des 
moindres  carrds.  On  peut  utiliser  avantageusement  un  algorithme 
des  moindres  carrds  rapides  de  prdfdrence  4  un  algorithme  du 
gradient.  La  precision  de  I’exciseur  ddpend  du  rapport  J/(S-i-N) 
qui  est  le  rapport  brouiUeur  sur  signal  plus  bmit  de  fond  dans  la 
bande.  Pour  ralgorithme  adaptatif  qui  estime  le  prddicteur,  plus 
le  brouiUeur  est  fort  et  plus  I’exciseur  est  prdcis. 

La  presence  de  multi-trajets  nuit  4  I’efficacitd  du  filtrage. 
Une  premidre  mdthode  peut  Stre  de  fixer  un  ddlai  D  assez 
important  pour  ddpasser  tout  retard  de  multitrajet  qui  introduirait 
une  correlation  de  la  contribution  du  signal  utile  dans  les 
dchantiUons  . 

On  a  alors  4  faire  un  compromis  entre  une  trSs  boime 
prediction  de  I’interference  accompagnee  d’une  legSre 
degradation  du  signal  utile  et  une  fidfele  restitution  du  signal 
utile  additionnee  d’un  rdsidu  de  brouiUeur  . 

Une  methode  consistant  4  ajouter  un  bruit  fictif  avant 
I’adaptation  des  coefficients  permet  de  masquer  les  trajets 
secondaires  ou  plus  exactement  de  ddcorreier  les  multi-trajets. 
Une  fois  I’adaptation  des  coefficients  rdalisee,  le  bruit  fictif  est 
retire  afin  d’eviter  de  ddgrader  inutilement  le  signal  utile  avant 
filtrage. 


-  la  deuxibme  methode  utilise  un  filtrage  adaptatif  prddictif 
utilisant  la  durde  de  coherence  de  I’interference  afin  de  la  rejeter. 
On  utilise  le  fait  que  I’interference  bande  etroite  reste  predictible 
plus  longtemps  que  le  signal  utile  de  bande  plus  large.  Un 
echantillonnage  correct  4  la  frequence  de  Nyquist  foumit  des 
echantiUons  correids.  L’echantillon  courant  peut  Stre  predit  4 
partir  des  dchantillons  passes,  I’erreur  de  prediction  correspond 
au  signal  utile  large  bande. 


5.2  Le  filtrage  cyclique 

Les  deux  techniques  precddentes  de  rejection  de  brouiUeur 
par  excision  de  spectre  ont  ete  ddveloppees  pour  un  signal 
stationnaire,  c’est  4  dire  un  signal  dont  la  fonction  de  correlation 
est  invariante  dans  le  temps . 

Les  techniques  classiques  citdes  plus  haul  “stationnarisent  “ 
les  signaux  en  n’utilisant  que  leur  fonction  de  correlation 
moyenne. 
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Or  les  signaux  trait6s  en  transmission  sont  gdn^ralement 
constitu6s  de  signaux  modulds  sur  porteuse  :ce  ne  sont  pas  des 
signaux  statioimaires  mais  des  signaux  dits  “cyclostationnaires  “ 
dont  la  moyenne  et  la  function  d’ autocorrelation  sont 
pdriodiques  en  temps.  Cette  pdriodicite  est  induite  outre  la 
frequence  porteuse  par  les  operations  de  modulation  et  de 
codage  de  la  transmission  numerique. 

L’autocorreiation  des  signaux  dependant  du  temps,  la 
rdponse  impulsionnelle  des  filtres  qui  doivent  Stre  utilises  sur  ces 
signaux  doit  dgalement  ddpendre  du  temps . 

II  a  ete  montre  dans  le  cas  du  filtrage  de  Wiener  que  des 
filtres  &  rdponse  impulsionnelle  variable  dans  le  temps  pouvaient 
ameiiorer  considerablement  les  performances.  Dans  certains  cas 
il  est  possible  de  sdparer  des  signaux  dont  les  spectres  se 
recouvrent  entiferement,  ce  qui  dvidemment  n’est  pas  possible  en 
filtrage  classique  . 

Pour  tirer  parti  de  la  nature  cyclostationnaire  des  signaux 
modules,  11  faut  des  filtres  ^  rdponse  impulsionnelle  variable 
portant  i  la  fois  sur  le  signal  complexe  et  sur  son  conjugud; 

h(t,u)=^ 

y(t)=J  h2(t,u)z(u)du-i-J  h2.(t,u)z*(u) 

On  peut  concevoir  des  filtres  cycliques  ayant  des  rdponses 
pdriodiques  avec  des  pdriodes  identiques  i  celles  des  signaux 
qu’ils  traitent.  La  rdponse  impulsionnelle  peut  se  decomposer  en 
sdrie  de  Fourier  comme  la  function  d’autocorrdlation  des 
signaux  : 


Pour  Ti=0,  on  retrouve  la  solution  stationnaire  ne  dependant  que 
de  I’dcart  (t-u). 


Le  filtrage  d’un  signal  z(t)  par  une  telle  rdponse  impulsionnelle 
donne  : 


y(t)=J  h(t,u)z(u)du=^J  (h^(t-u)  (ej2nriUz(u))du) 


Dans  cette  dcriture  ,on  voit  que  Ton  peut  dcrire  le  filtrage 
cyclique  comme  une  somme  de  filtres  statioimaires  portant  sur 
des  signaux  ej2nTiu2(u)  qui  sont  en  fait  le  signal  d’origine 
ddcaie  en  frequence  de  T]. 

On  a  done  equivalence  entre  une  approche  temporelle  du 
filtrage  cyclique,  dans  laquelle  on  change  la  rdponse 
impulsionnelle  du  filtre  &  chaque  instant,  et  une  approche 
frdquentieUe,  dans  laquelle  le  filtre  est  rdalisd  par  une  somme  de 
filtres  statioimaires  h^  portant  sur  des  versions  ddcaldes  en 
frequence  du  signal  d’entrde. 

L’ architecture  d’un  filtre  cyclique  est  donnde  en  figure  13. 
Elle  correspond  ^  un  filtre  stationnaire  multl-dimensionnel  H(t) 
dans  lequel  on  entre  le  signal  z(t)  ddcald  d’un  certain  nombres 
de  frequences  ai,  et  son  conjugud  ddcald  d’un  certain  nombres 
de  frequences  pi,  ai  et  pi  dtant  les  frequences  cycliques 
obtenues  aprds  ddveloppement  en  sdrie  de  Fourier  des  fonctions 
decorrelation  rzzft.Tlet  fzz’'' (t.x). 


Les  applications  des  filtres  cycliques  aux  probldmatiques 
d ’excision  ndeessitent  une  analyse  prdalable  des  frequences 
cycliques  pertinentes.Une  excision  devra  done  dtre  preeddde 
d’une  mesure  de  correlation  spectrale  et  une  detection  d’dnergie 
sur  toutes  les  frequences  cycliques  qui  n’appartiennent  pas  a  la 
transmission  utile  . 


Malgrd  une  coraplexitd  accrue,  I’application  de  ces  mdthodes 
de  filtrage  a  la  lutte  centre  les  interferences  sera  certainement  un 
axe  fort  de  recherches  futures.  Ces  techniques  apparaissent 
dgalement  prometteuses  pour  resserrer  les  canaux  dans  des 
transmissions  FDMA,  ce  qui  pourrait  ddboucher  sur  une 
augmentation  de  la  capacitd  des  liaisons  satellites  par  exemple. 


6.  TECHNIQUES  DE  FILTRAGE  D’ANTENNES 

APPLIQUEES  A  LA  LUTTE  CONTRE  LES 

INTERFERENCES  ET  LES  EFFETS  DES  TRAJETS 

MULTIPLES 

Les  techniques  dderites  prdeedemment  ne  permettent  un 
traitement  des  signaux  que  sur  I’axe  des  temps  ou  sur  I’axe  des 
frequences.  Elies  peuvent  se  rdvdler  inefficaces  dans  des 
situations  oh  les  interferences  sont  trds  fortes  et  qu’eUes  occupent 
toute  la  bande  de  reception  .  Elies  n’optimisent  pas  de  manidre 
iddale  le  compromis  h  rdaliser  entre  le  filtrage  adaptd  au  signal  et 
la  reduction  des  interferences  intersymboles  en  prdsence  de  trajets 
multiples. 

L’utilisation  de  la  dimension  spatiale  par  des  techniques  de 
’’filtrage  d’antenne"  peut  apporter  un  gain  de  performances 
important  dans  des  applications  “d’antibrouillage”  lorsque  ces 
techniques  sont  appliqudes  &  la  rejection  d’ interference  ou  de 
“diversitd  spatiale”  lorqu’eUes  sont  appliqudes  a  I’optimisation 
de  la  reception  du  signal  en  presence  de  multi-trajets  pour  lutter 
contre  les  fadings. 

6.1  Techniques  d’antibrouillage 

L’outil  privildgid  est  I’antenne  adaptative  qui  a  la  facultd  de 
ddtecter  les  sources  interfdrentes  et  de  les  supprimer  en 
construisant  dans  leur  direction  des  trous  dans  son  diagramme 
de  rayonnement  tout  en  amdliorant  la  reception  du  signal  utile. 
Le  schema  fonctionnel  d’une  antenne  adaptative  est  donnd  sur  la 
figure  14.  Elle  est  composde  d’un  rdseau  de  N  capteurs  et  de  N 
filtres  contrdlds  par  un  processeur  qui  met  en  oeuvre  un 
algorithme  adaptatif  Cet  algorithme  vise  a  optimiser  un  ciitdre 
function  de  I’information  disponible  sur  le  signal.  En 
telecommunication  le  critdre  iddal  est  la  minimisation  de  la 
probabilitd  d’erreur  par  bit  aprds  ddeodage. 


27-9 


Ce  crit^re  est  g6n6raleraent  difficile  a  optimiser,  aussi  on 
prdftre  utiliser  des  criteres  plus  simples  a  utiliser  comme  la 
maximisation  du  rapport  signal  sur  bruit  -tinterfdrences  ou  la 
minimisation  de  la  puissance  de  bruit  total  sous  contrainte  de 
non  annulation  des  ponddrations  . 


y(t)  , 

cr 
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Figure  14  :  Antenne  adaptative 

La  discrimination  signal  utile  des  interferences  pent 
s’effectuer  de  cinq  fagons  diffdrentes  par  ;  la  direction  d’arrivde, 
la  forme  d’onde,  le  temps,  le  spectre  ou  encore  de  manidre 
aveugle  sans  information  sur  le  signal  utile. 

-  Filtrage  sur  direction  d’arrivde  . 

Cette  mdthode  qui  ndcessite  la  coimaissance  de  la  direction 
d’arrivde  et  done  du  front  d’onde  au  voisinage  des  capteurs. 
Cette  antenne  est  optimale,  en  absence  de  multitrajets  et  de 
“ddpointage”  eUe  correspond  au  filtre  adaptd  spatial  (FAS)  qui 
conduit  a  une  maximisation  du  rapport  signal  &  bruit  + 
interferences.  EUe  est  obtenue  en  minimisant  la  puissance  totale 
de  sortie  en  mettant  un  gain  unitd  dans  la  direction  d’arrivde  du 
signal  utile . 

Cette  antenne  est  sensible  aux  erreurs  sur  la  direction  d’arrivde  et 
a  la  presence  de  trajets  multiples.  Pour  ces  raisons,  il  est  souvent 
ndeessaire  de  doter  cette  antenne  d’une  plus  grande  robustesse 
aux  erreurs  en  introduisant  des  contraintes  suppldmentaires  visant 
a  dlargir  le  lobe  principal  de  I’antenne  et  a  affaiblir  la  puissance 
du  signal  vue  par  I’algorithme  d’adaptatlon.  Une  des  structures 
de  realisation  de  cette  antenne  est  donnee  sur  la  figure  15. 


-  Filtrage  sur  forme  d’onde 

Cette  methode  est  utilisee  lorsque  la  modulation  ou  la  forme 
d’onde  du  signal  utile  permet  la  generation  d’un  signal  de 
reference,  correie  avec  Futile  et  non  correie  avec  le  bruit  et  les 
interferences.  C’est  en  particulier  le  cas  lorsque  la  forme  d’onde 
emise  comporte  des  sequences  connues  de  synchronisation.  Le 
critere  utilise  est  alors  un  critere  de  minimisation  de  I’erreur 
quadratique  moyeime  entre  le  signal  de  reference  et  la  sortie  de 
I’antenne  ,  ce  qui  permet  de  rejeter  toutes  les  sources  decorreies 
avec  le  signal  de  reference.  Le  schema  fonctionnel  de  cette 
antenne  est  doime  sur  la  figure  16. 


Une  telle  antenne  ne  ndeessite  pas  la  connaissance  de  la  direction 
d’arrivee.  Les  multitrajets  correies  sont  seuls  pris  en  compte  par 
cette  antenne.  Ce  concept  conduira  au  modem  spatio-temporel 
dderit  plus  loin  . 


-  Filtrage  par  discrimination  temporeUe 

Cette  mdthode  pent  dtre  utilisde  sur  des  transmissions  k  evasion  de 
frequence.  L’antenne  minimise  alors  la  puissance  totale  de  sortie 
en  absence  de  signal  utile,  c’est  a  dire  par  anticipation  d’un 
palier  EVF,  sous  une  contrainte  non  directionnelle  de  type 
inversion  de  puissance  et  dlimine  ainsi  les  brouilleurs 
statioimaires.  La  contrainte  utilisde,  qui  consiste  4  laisser  un  des 
capteurs  ponddrd  par  I’unitd,  impose  au  diagramme  de 
rayonnement  de  I’antenne  d’etre  le  plus  omnidirectionnel 
possible  dans  les  directions  non  brouiUdes  de  fa^on  a  dviter 
I’atmulation  du  signal  utile  lors  de  sa  rdeeption.  L’antenne  ainsi 
optimisde  est  appelde  antenne  ^  contrainte  d’inversion  de 
puissance  et  k  rdfdrence  bruit  seul  (ACIP  RBS).  Cette  antenne 
n’optimise  pas  le  gain  dans  la  direction  de  Futile  et  eUe  est  mise 
en  difficultd  sur  une  situation  d’intefdrence  non  stationnaire.  EUe 
ne  permet  pas  un  traitement  optimal  des  multi-trajets  . 

-  Filtrage  par  discrimination  spectrale 

Cette  mdthode  est  calqude  sur  la  prdeddente,  elle  est  utilisde 
lorsque  la  bande  du  signal  utile  est  plus  faible  que  la  bande  des 
brouilleurs.  L’antenne  minimise  alors  la  puissance  totale  de 
sortie  dans  la  bande  extdrieure  a  la  bande  du  signal  utile,  sous 
une  contrainte  non  directionnelle  de  type  inversion  de 
puissance. 

-  Filtrage  en  aveugle 

Dans  certaines  situations  aucune  information  n’est  disponible  sur 
le  signal.  L’introduction  d’une  rdplique  est  dgalement  souvent 
coflteuse  en  ddbit.  II  peut  done  s’avdrer  judicieux  d ’utiliser  une 
antenne  adaptative  n’exploitant  aucune  information  a  priori  sur 
le  signal  utile.  Une  teUe  antenne  vise  4  sdparer  les  signaux  re?us 
sur  les  diffdrents  capteurs  du  rdseau  par  un  filtrage  lindaire 
spatial  multi  -sorties  G  comme  I’iUustre  la  figure  17  . 
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II  existe  deux  families  de  mdthodes ,  qui  exploitent  les  statistiques 
des  signaux  ^  I’ordre  deux  et  k  I’ordre  quatre. 

Les  sdparateurs  a  I’ordre  deux  n’exploitent  que  la  d6corrdlation 
supposte  des  signaux  re^us.  Ils  visent  a  mettre  en  oeuvre  une 
matrice  G  gdndrant  des  sorties  ddcondldes. 

Les  sdparateurs  aux  ordres  supfirieurs  (quatre)  exploitent 
I’inddpendance  statistique  supposde  des  signaux  re^us.  Ils  visent  a 
mettre  en  oeuvre  une  matrice  G  gdndrant  des  sorties 
statistiquements  inddpendantes  . 

Les  mdthodes  a  I’ordre  deux  ne  permettent  une  separation  des 
sources  que  si  celles-ci  sont  bien  espacdes  angulairement  et  de 
puissances  trfis  diffdrentes.  Les  mdthodes  a  I’ordre  quatre  encore 
a  retude  sont  efficaces  sur  des  sources  “  non  gaussiennes  “ 


6.2  Techniques  de  diversity  spatiale. 

Les  traitements  multi-capteurs  de  filtrage  d’antenne  peuvent 
etre  appliquds  a  la  mise  en  oeuvre  de  traitements  se  rapprochant 
de  I’optimum  sur  un  canal  de  propagation  a  multitrajets . 
Diffdrentes  approches  de  la  diversity  spatiale  sont  possibles,!  a 
plus  simple  consistant  a  commuter  deux  antennes  suffisamment 
dcartdes  spatialement.  Une  antenne  adaptative  telle  que  ddcrite 
prdcddemment  peut  dgalement  6tre  utilisde  en  amont  d’un 
modem.  Mais  le  traitement  optimal  des  multitrajets  passe  par  un 
couplage  des  parties  spatiales  et  temporeUes  du  traitement . 

Dans  le  cas  d’une  transmission  s6rie,  le  rdcepteur 
multicapteurs  optimal  de  la  figure  18  est  au  sens  du  maximum  de 
vraisemblance  composd; 

-  du  filtre  adaptd  spatio  temporel  (FAST)  a  la  forme 
d’onde  multicapteur  qui  s’exprime  par  : 

W(t)=R^l(t)*G(t) 

-  un  dchantiUonneur  au  rythme  symbole, 

-  un  organe  de  decision  qui  peut  6tre  r6alis4  par  un 
algorithme  de  Viterbi  . 

G  (t)  est  la  forme  d’onde  multicapteurs  re9ue,  constitute  de  la 
forme  d’onde  convolute  avec  la  rtponse  impulsionnelle  du 
canal  multicapteur.  Rb(t)  est  la  matrice  de  corrtlation  du  bruit  de 
fond  suppost  gaussien  . 


Dans  le  cas  d’un  modem  paralltle,  I’architecture  optimale 
multicapteurs  de  la  figure  19  consiste  a  placer  un  modem 
paralltle  mono-voie  sur  chacun  des  capteurs  et  a  sommer  les 
contributions  sur  chaque  frtquence  avant  dtcodage. 
L’inteiprttation  du  gain  en  prtsence  de  multitrajets  est  plus  facile 
dans  ce  cas. 

Pour  deux  trajets  de  mtme  amplitude  le  rtsultat  du  filtrage 
adaptt  multi-voies  se  met  sous  la  forme  : 

I  H(f)  |=k(l-H  St  $2  |cos  (2jt  f  (ti-t2)+(p)) 

k  est  une  constante  ,  SI  et  S2  sont  les  vecteurs  directeurs  des  deux 
trajets  sur  le  rtseau  et  (|)  la  phase  initiale. 

-  si  les  vecteurs  directeurs  des  deux  trajets  sont  identiques  le 
traitement  multivoies  ne  change  pas  le  fading  s61ectif  en 
frequence,  le  seul  gain  est  le  gain  d’antenne. 

-  si  les  vecteurs  directeurs  sont  orthogonaux,  le  fading 
sdlectif  en  frdquence  est  totalement  supprimd. 

-  dans  le  cas  intermddiaire,  en  plus  du  gain  d’antenne,  la 
diversitd  spatiale  apporte  une  amdlioration  des  performances  en 
presence  de  fading  s61ectif  en  frtquence. 
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Figure  19 :  Modem  parallile  multicapteurs 
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Figure  18  :  Filtre  adapti  spatio  temporel 

La  structure  spatio-teraporelle  du  FAST  utilise  le  fait  que  les 
trous  de  fadings  ne  se  produisent  pas  au  mfime  instant  sur  chaque 
antenne,  eUe  permet  en  outre  de  Irtndficier  du  gain  d’antenne  en 
10  log  N.  Le  FAST  en  presence  de  brouilleurs  permet  de  rejeter 
N-1  brouilleurs,  quel  que  soit  le  nombre  de  trajets  associds  4 
chacun  des  brouilleurs.  En  effet  le  FAST  realise  un  traitement 
temporel  de  remise  en  phase  de  tous  les  trajets  en  utilisant  un  seul 
degrt  de  libertd  spatial. 


La  ndcessirt  d’accroltre  les  services  et  les  performances  des 
systfemes  de  radiocommunication  ouvre  un  champ  d’applications 
important  a  la  mise  en  oeuvre  des  techniques  de  traitement  du 
signal  dont  certaines  ont  6t6  prtsenrtes  ici. 

Les  solutions  techniques  existent  pour  compressor  au 
minimum  I’information  a  transmettre,  atteindre  les  limites  de 
capacirt  des  canaux,  dliminer  les  sources  d’interrtrences  et 
compenser  les  effets  des  trajets  multiples,  en  particulier  par  des 
“antennes  inteUigentes”  et  des  traitements  multi-voies. 

L’application  de  ces  techniques  ira  de  pair  avec  les  progrts 
dans  la  technologie  du  numdrique,  dans  la  miniaturisation  des 
dquipements  et  des  chatoes  radio. 
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DISCUSSION 


Discussor’s  name:  Dr.  Yavuz 

Comment/Question : 

1.  As  you  know,  speech  coders  perform  differently  with  different  languages.  Have  you  any 
results  for  languages  such  as  Portuguese  which  are  known  to  perform  quite  differently  with,  e.g. 
LPC-10. 

2.  Your  statement  about  the  single  tone  (ST)  and  multi-tone  (MT)  modems  is  surprising!  For  the 
HF  channel  where  time  domain  equalization  converts  multi-path  to  diversity  combination  ST 
modems  are  clearly  much  superior.  Equalizing  in  frequency  domain  only  the  frequency  selective 
fading  with  much  less  diversity  gain.  Your  comments  please. 

Author/Presenter’s  reply: 

1.  The  different  800  h/s  and  2400  h/s  have  been  tested  in  English  and  French.  I  think  that  for 
European  languages  the  new  2400  h/s  coder  will  provide  intelligibility  independent  of  the 
language. 

2.  A  coherent  parallel  modem  which  is  limited  to  reduce  to  4/5  dB  the  amplitude  modulations  and 
associated  with  a  good  TCM  is  equivalent  to  a  DFE  modem.  The  progress  on  ST  modem 
concerns  the  integration  of  decoding  in  the  equalizer. 
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LES  SEQUENCES  GQ 
SEQUENCES  Q-AIRE  ORTHOGONALES 
A  CORRELATION  PARFAITE 

C.  GOUTELARD 

LETTI  —  Universite  Paris-Sud  —  Batiment  214 
91405  ORSAY  —  France 


Risumi 

La  recherche  de  sequences  presentant  de  bonnes 
fonctions  de  correlation  periodiques  est  un  sujet  sur 
lequel  de  nombreuses  etudes  ont  ete  faites.  II  a  pu  Stre 
montre  qu'a  I'exception  d'un  cas  trivial,  il  n'existait 
pas  de  sequences  binaires  a  correlation  parfaite.  Des 
sequences  binaires  a  correlation  presque  parfaite,  les 
sequences  WG  (Wolfmann-Goutelard),  ont  ete 
proposees  en  1992.  Ces  sequences  sont  telles  qu'en 
dehors  du  pic  central  de  correlation  et  d'un  point  situe 
au  milieu  de  la  pMode  de  la  fonction  de  correlation, 
cette  fonction  est  toujours  nulle.  Les  sequences  a 
correlation  parfaite  ne  peuvent  done  exister  que  dans 
les  sequences  Q-aires.  Les  sequences  GQ  (sequences 
Goutelard  Q-aires)  sont  des  sequences  qui  presentent 
des  fonctions  de  correlation  parfaites  et  qui  peuvent 
etre  decomposees  en  sous-sequences  orthogonales  a 
correlation  presque  parfaite. 

Les  sequences  GQ  sont  construites  a  partir  d'un 
ensemble  de  sequences  orthogonales  qui,  par 
entrelacement,  donnent  une  sequence  nommee 
sequence  complete  a  fonction  de  correlation  parfaite. 
L'addition  terme  a  terme  des  elements  de  I'ensemble 
des  sequences  de  base  permet  de  construire  une 
sequence  plus  courte  que  la  sequence  complete  mais 
possedant  les  memes  proprietes  de  correlation.  Cette 
sequence,  appelee  sequence  analogique,  est  done  a 
correlation  parfaite. 

Cette  presentation  demontre  I'existence  de  ces 
sequences  et  determine  leur  structure.  II  est  montre  que 
ces  sequences  existent  en  grand  nombre  et  pour  une 
tres  grande  variete  de  longueurs.  Les  proprietes  de  ces 
sequences  sont  etudUes  et  il  est  defini  un  algorithme  de 
construction  tres  simple  permettant  de  les  utiliser.  Ces 
sequences  peuvent  exister  pour  des  longueurs 
minimales  de  4  et  les  longueurs  ne  sont  pas  limitees. 

L  -  INTRODUCTION 

L'utilisation  de  s^uences  periodiques  ou  aperiodiques  a 
fonctions  de  correlation  nulles  en  dehors  du  pic  central 
a  toujours  ete  d'un  grand  interet  dans  les  problemes  de 
radiolocalisation,  de  telecommunication  et  de  radar.  On 
demande,  la  plupart  du  temps,  ^  ces  sequences  d'etre  A 
amplitude  constante  pour  des  raisons  technologiques 


dues  essentiellement  a  des  problemes  lies  aux 
emetteurs.  Dans  les  sequences  aperiodiques,  des 
solutions  ont  ete  depuis  longtemps  proposees,  telles  que 
les  sequences  de  Golay  qui  presentent  des 
caracteristiques  de  correlation  parfaite  mais  qui  ne  sont 
pas  des  sequences  a  amplitude  constante.  Des  sequences 
periodiques  polyphases  [1]  [2]  [3]  presentent  de  telles 
caracteristiques  mais  elles  sont  en  nombre  limite  et  ne 
conviennent  pas  k  toutes  les  applications.  Dans  les 
sequences  binaires  des  sequences  a  correlation  presque 
parfaite,  les  sequences  WG  (Wolfmann-Goutelard)  [4], 
la  fonction  de  correlation  periodique  est  nulle  en  dehors 
du  pic  central  exepte  pour  un  seul  point  situe  au  milieu 
de  la  periode  de  la  fonction  de  correlation.  D'autres 
sequences  telles  que  les  sequences  pseudo-aieatoires  ou 
les  sequences  pseudo-orthogonales  [5]  ont  des  fonctions 
de  correlation  qui  approchent  la  correlation  parfaite, 
cependant,  en  dehors  du  pic  central,  ces  fonctions  de 
correlation  ne  sont  jamais  nulles. 

L'etude  presentee  repose  sur  la  definition  d'un  ensemble 
de  sequences  orthogonales  k  correlation  presque 
parfaite.  Il  est  demontre  que  de  telles  sequences,  k 
I'exception  d'un  cas  trivial,  ne  peuvent  etre  binaires  et 
que  I'orthogonalite  de  ces  sequences  interdit  d'avoir 
pour  chacune  des  auto-correiations  parfaites.  L'etude  est 
done  orientee  vers  la  recherche  de  sequences  q-aires  et 
les  contraintes  imposees  a  cette  recherche  consiste  a 
definir  une  sequence  complete  formee  par 
I'entrelacement  de  ces  sequences.  L'orthogonalite  des 
sequences  permet  de  definir  une  seconde  sequence, 
obtenue  par  la  somme  algebrique  terme  a  terme  des 
symboles,  constituant  une  sequence  plus  courte  appeiee 
sequence  analogique  qui  possede  elle  aussi  une  fonction 
d'auto-correiation  parfaite.  Il  est  montre  qu'une  fonction 
d'auto-correiation  parfaite  pour  la  sequence  complete 
entraine  une  fonction  d'auto-correiation  parfaite  pour  la 
sequence  analogique  et  reciproquement.  Le 
developpement  permet  de  determiner  la  structure  de 
telles  sequences  et  de  montrer  que  cette  structure  est 
unique.  Les  sequences  sont  determinees  pour  toutes  les 
longueurs  possibles  d'existence  et  la  methode  de 
construction  de  ces  sequences  est  exposee.  En  dernier 
lieu,  il  est  montre  comment  l'utilisation  d'une  sequence 
complete  i  remission  pent  etre  utilisee  a  la  reception 
par  la  construction  d'une  sequence  analogique  qui 
permet  de  reduire  de  fa9on  importante  la  complexite  du 
calcul. 


Paper  presented  at  the  AGARD  SPP  Symposium  on  “Digital  Communications  Systems:  Propagation  Effects, 
Technical  Solutions,  Systems  Design’’,  held  in  Athens,  Greece,  18-21  September  1995  and  published  in  CP-574. 
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n.  -  DEFINITIONS  ET  FORMALISME  - 
ILl.  Suites  et  sequences. 

Soit^j  =  {0,  1,  ...  q  -  1}  corps  fini  si  q  est  premier, 
armeau  dans  le  cas  inverse  qui  sera  celui  considere 
dans  cette  etude. 

On  definit  une  suite  q-aire  ou  s^uence  q-aire  par  ; 

S=(8^^gx,g2,-gr-gN-x)  I  gi  (1) 

et  =  {^} 

On  definit  la  sequence  q-aire  d^duit  de  g  par  : 

*  =  ou  b,=V^' 

(2) 

avec  F''  =  1,  t  premier  avec  N 

On  peut  alors  representer  la  sequence  q-aire  par  le 
polynome  formel : 

(3) 

b(x)  =  '^b,x‘  te  C,„,  -1) 

i=0 


Si  bi(xj  =  b2(x)  =  b(x)  alors  on  definit  le  polynome 
d'autocorr^lation  c(x)  par : 

c{x)-  b*{x)b(llx)  (7) 

IL4 .  p  transforme  d'un  polynome  de  correlation. 

Le  p  transform^  du  polynome  de  correlation  Ci2(x)  est 
deflni  par : 

N-\ 

2,2W=Zw,->** 

A=0 

et  il  est  facile  de  montrer  que  ; 

N-\ 

h=0 

et  c;2(x)  =  V(^)®^2W 

oil  O  figure  le  produit  d'Hadamart  et  pour 

I'autocorreiation 

c(x)  =  (9) 


On  etablit  le  formalisme  suivant,  dont  une  part  est 
demontree  dans  [4]. 

IL2.  p  transforme  d’un  polynome. 

On  appelle  p  transforme  de  b(x)  le  polynome 


JV-l 


1=0  '  ^  > 


(4) 


oil  W  -  exp  j 


.271  p 


P  *  ^  ^ 

et  il  est  simple  de  demontrer  que  : 


p  premier  avec  N 


N-\ 


(5) 


n.5.  g  pcrmutee  d’une  sequence. 

Si  b(x)  est  une  sequence,  on  appelle  q  permutee  de  b(x) 
la  sequence  : 

b^(x)  =  b{x‘’)  (10) 


IL6.  p  transforme  d’un  polynome  q  permute. 

Le  p  transforme  Z>^(x)d'un  polynome  q  permute 
b^  (jf)  s'exprime  par : 


1=0 

soit 


IL3.  Polynome  de  correlation. 

Soit  deux  sequences  representees  par  leurs  polynomes 
formels ; 

*1  (^)  =  >  ^2  (^)  =  Z*2i^’ 

1=0  1=0 


~  Al-1 

= Z 

1=0 

d’ou  Ton  deduit 

bgp(x)  =  bp,(x)  (11) 

0.7.  Polynome  Z  etendu.  polynome  de  correlation  p 
transforme. 


On  definit  le  polynome  de  correlation  Ci2(x)  entre  les 
deux  polynomes  b^fx)  et  b2(x)  : 


N-X 

^xiix)  =  Z^*^ 


k=0 


bx(x)b2(l/x) 


On  definit  le  polynome  Z  etendu  de  b(x)  par : 
b^ (x)  =  b(x^) 


(6) 


(12) 
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Le  soulign6  de  la  lettre  indiquera  par  la  suite  que  le 
polynome  est  defini  dans : 


p-\ 


^(NZ)  ~  (^)  !  l) 


c,(^)=Y.pw,fx‘^ =PU^„S 


(19) 


1=0 


Le  polynome  de  correlation  entre  deux  polynomes 
etendus  if  (x)  et  if  (x)  est  defini  par  : 


'  — 12(^  )  ~  ^12 


(13) 


Toute  sequence  a  polynome  uniforme  a  un  p 
transform^,  un  polynome  de  correlation,  et  un  p 
transforme  polyn6me  de  correlation  uniforme. 

Les  applications  des  polynomes  vers  les  polynomes  de 
correlation  definissent  un  homorphisme. 


Ce  resultat  indique  que  le  polynome  de  correlation  in.  -  LES  SEQUENCES  GO  - 


polynome  de  correlation  de  la  sequence. 

Le  p  transforme  de  la  sequence  etendue  est : 

Les  sequences  GQ  sont  des  ensembles  de  Z  sequences 
de  longueur  N  defmies  par  : 

„  2V-1  ZN-1 

h 

lt=0  h=0 

(14) 

b^  —  (^20’^21’”'^2i"*^2W-i) 

On  doit  noter  que  : 

-^hz[N] 

ou  hZ[N]  denote  la  valeur  de  hZ  modulo  N. 

(15) 

^2  “  (^rO>^2U”-^2i'"^2W-l) 

~  (^ZO’^Zl>"-^Zi"-^Z/V-l) 

IL8.  Polynome  uniforme. 

representees  par  les  polynomes 

N-\ 

On  appelle  polynome  uniforme  un  polynome  dont  la 
norme  des  coefficients  est  unitaire  et  qui  s'exprime 
par : 

1=0 

et  verifiant  les  proprietes  suivantes  ; 

(16) 

III.1.  Pronriete  1 :  Intercorrelation  entre  les 
seauences. 

1=0 


avec 


si  Q  1 
si  I  0 


WpQ  =  exp 


PQ) 


N 


le  polynome  est  un  polynome  etendu 
le  polynome  est  translate. 


H  est  un  entier  arbitraire. 

Son  p  transforme  s'exprime  par  : 


e-i 


u'g(x)  =  '^Pw;^x 


■hIP  -H+hp 


(17) 


h=0 


et  d'apres  (9)  le  p  transforme  de  son  polynome  de 
correlation  s'ecrit ; 


C-l 


p  Q 

0  H 


(18) 


h=0 


Toutes  les  intercorreiations  des  sequences  prises  2  a  2 
sont  nulles.  On  dira  que  les  sequences  prises  2^2  sont 
strictement  orthogonales. 

Cette  condition  se  traduit  par  : 

soit  encore 

^x,z,(x)  =  b^*(x)<S>b^Jx)  =  0 

ce  qui  entraine  compte  tenu  de  (8)  et  (9) 

=  0  (20) 

La  stricte  orthogonalite  des  sequences  entraine, 
d'apres  (13),  la  stricte  orthogonalite  des  sequences 
etendues  dans : 

(21) 

£v,W®£LW=0  £{I,.  .Z} 


ce  qui  entraine  pour  le  polynome  de  correlation 
I'expression : 
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IIL2.  Proori^td  2  :  Sequence  complete. 

La  sequence  complete  resultant  de  I'entrelacement  des 
Z  s^iuences  est  k  fonction  d'autocorr^lation  parfaite, 
c'est4-dire  nulle  en  dehors  du  pic  central. 

La  s^uence  complete  est  definie  par  le  polynome  : 


2N-\ 


(22) 


Z=1 


h=0 


Le  polynome  de  correlation  s'^crit ; 


e,w= 


■£x‘-'b:(x^) 


2=1 


.2=1 


Le  polynome  de  correlation  de  la  sequence  analogique 
est  egal  ^  la  somme  des  polyndmes  de  correlation  des 
sequences. 

Le  polynome  de  correlation  du  polynome  etendu  est  le 
polynome  etendu  du  polynome  de  correlation  de  la 
sequence  analogique,  soit  de  la  caracteristique  2  : 

CAx)  =  f,c^(x)  =  NZ  (26) 

2=1 

La  correlation  de  la  sequence  analogique  est  done 
parfaite. 

IIL4.  Pronriete  4  ;  autocorrelation  des  sequences. 


soit,  compte  tenu  de  la  propriete  1 : 


2=1 


2=1 


(23) 


qui  montre  que  Cb(x)  est  la  somme  des  polynomes  de 
correlation  etendus  des  polynomes  b/x). 


La  correlation  des  sequences  ne  peut  etre  parfaite.  En 
effet,  la  correlation  parfaite  impose  pom  les 
polynomes  de  correlation : 


h=0 

ce  qui  entraine: 

KK‘)f  =  »  '"”=0 

KK)f  =  (V 


Pour  obtenir  ime  correlation  parfaite  de  la  sequence 
complete,  il  sufRt  que  la  somme  des  polynomes  de 
correlation  etendus  des  Z  sequences  soit  egal  a  ZN 
soit ; 

CbW  =  2£„(*’')  =  A(Z  (24) 

2=1 

ms.  Propriete  3  :  sequence  analogique. 


Ce  resultat  est  incompatible  avec  la  propriete  1  qui 
impose,  d'apres  (20) : 

On  ne  peut  done  obtenir  des  sequences  a  correlation 
parfaite,  ce  qui  a  conduit  a  rechercher  des  sequences 
dont  les  polynomes  de  correlation  ont  le  maximum  de 
coefficients  nuls. 


On  appelle  sequence  analogique  la  sequence  associee 
au  polynome : 


On  a  appeie  presque  parfaites  les  fonctions  de 
correlation  correspondantes.. 


2=1 

Le  polynome  de  correlation  s'ecrit : 


(25) 


c.w= 


.2=1 


.2=1 


soit,  compte  tenu  de  la  propriete  1  : 

2=1 


IV.  -  DETERMINATION  DES  SEQUENCES  GO  - 
rV.l.  sequence  complete. 

La  sequence  complete  est  a  fonction  de  correlation 
parfaite  et  son  polynome  de  correlation  defmi  par  (24) 
s'ecrit ; 

C,ix)  =  NZUl^Hx)  (27) 

Son  p  transforme  s'ecrit  done  : 

C,{x)  =  NZUlf 


(28) 
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II  s'agit  d'un  polynome  unifonne  non  6tendu  dont  on 
sail  d'apr^s  (23)  que  : 

=  (29) 

Z=\ 

Un  monome  de  appartenir 

simultan^ment  a  deux  polynomes 
(•*^)  et  £ (x),  puisque  la  condition 

(21)  ne  serait  pas  respectee.  Les  coefficients  non  nuls 
de  c^^ix)  sont  done  6gaux  a  NZ  et  la  condition 
d'auto-correlation  presque  parfaite  impose  que 
£^^(x)  soit  uniforme.  II  est  simple  de  verifier  que, 

dans  le  cas  contraire,  les  coefficients  de  (x)  sont 
nuls,  excepte  pour  quelques  valeurs  particulieres  de  h. 

cl(x)  =  NU,\^  (30) 

II  s'en  deduit  immediatement : 

cl(x)  =  NU^J^  (31) 

dont  seuls  Z  coefficients  sont  non  nuls. 

II  s'agit  d'un  polynome  N  etendu  qui  a  ete  Z  etendu  par 
la  construction  de  la  sequence  complete. 

Le  polynome  non  dtendu  s'ecrit  done  : 

c„W  =  Arc;oY  =  A'|;<-x"  (32) 

1=0 

>  V  ^ 

ou  /  =  —  doit  etre  un  entier,  ce  qui  impose  ZY  =  N 

At 

(33) 

La  correlation  parfaite  de  la  s^uence  analogique,  qui 
est  6quivalente  a  la  correlation  parfaite  de  la  sequence 
complete  entraine,  d'apres  (26)  et  (32) : 

z  z 

vi>o  (34) 

2=1  Z=1 

Cette  condition  est  toujours  v^rifiee. 

Enfm,  en  comparant  (18)  et  (30),  il  apparait  que  NZ 
est  un  carte  parfait  et,  compte  tenu  de  (33),  7  est 
6galement  un  carre  parfait  ce  qui  entraine  : 

ZN  =  (ZY,f  =  Nl 

La  longueur  de  la  s^uence  complete  est  un  carre 
parfait. 

Enfm  N  =  ZY^  =  (36) 


IV.2.  Sequences  GO. 

Les  s^uences  doivent  verifier  la  condition  (32)  qui 
peut  etre  satisfaite  par  differents  types  de  s^uences. 
Les  s^uences  recherchtes  sont  a  coefficients  a  norme 
constante.  Le  p  transform^  polynome  de  £^(x)qui 
s'exprime  sous  la  forme  : 

c,,{x)  =  NU^J  (37) 

peut  s'ecrire 

^ZZ  W  =  ii N,  =  |]£*,(X)  (38) 

*=0  k=0 

—  -^0  est  le  p  transform^  du 

polynome  de  correlation : 

(39) 

qui  est  lui-meme  le  polynome  Yg  etendu  de 

Ck2i^)=^oUg’‘l,y  (40) 

dont  le  p  transforme  polynome  est ; 

=  No  (41) 

D'apres  (9)  les  sequences,  que  nous  appellerons  sous- 
sequences,  satisfaisant  ce  polynfime  ont  des  p 
transformes  de  la  forme  : 

4W  =  ^fe^(f“zV*r  (42) 

oil  Wia  est  un  complexe  arbitraire  de  norme  constante, 
et  la  sequence  associee  s'ecrit : 

^k2(^)  =  W^Uo^lkY  (43) 

II  est  eiementaire  de  verifier  que 

\2{X')  ®  =  (^  ^  ^  ((^J  •  •  •  ^  “  l} 

ce  qui  permet  d'entrelacer  ces  sequences  et,  compte 
tenu  de  (38),  (39),  (40)  et  (43) 

l>X=‘)  =  TKUi'l,r  (44) 

k=0 

qui  definissent  les  sequences  GQ. 

IV.3.  Structure  des  sequences  GO. 

La  structure  des  sequences  GQ  est  definie  par  (44)  et 
on  definit  les  sequences  de  base  par  =  1. 
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II  est  simple  de  montrer  que  bt(x)  s'ecrit  sous  la 
forme : 

roAr„-i 

j=0 

ou  ff;^=exp-— 

-‘''o 

4  =;[!;] 

Ip  =i  —  Ip 

qui  doime  une  definition  ties  simple  des  sequences 
GQ. 

IV.4.  Pronriet^s  des  sequences  GO. 

Propriiti  1 :  Dimension  et  dinombrement  des 
sequences  GO  de  base. 

On  definit  les  sequences  GQ  de  base  comme  celles 
pour  lesquelles  Wk^  =  1  dans  (44)  et  pour  lesquelles 

p=  1. 

Les  sequences  de  base  GQ  sont  de  longueur  N  =  YoMq. 
La  sequence  analogique  est  de  longueur  N 

La  sequence  complete  de  longueur  est  constituee 
par  I'entrelacement  de  Z  sequences  telles  que  : 

.  No  est  un  entier  arbitraire 
.No  =  ZYo 

Le  nombre  de  sequences  de  base  GQ  est  donne  dans  le 
tableau  1  pour  les  valeurs  de  No  inferieures  ou  egales  a 
100. 

Propriete  2  :  Correlation  des  sequences  de  base  GQ. 


s^uence  analogique  n'est  pas  constant,  et  il  est  facile 
de  montrer  qu'il  est  I'echantillonne  de  la  loi 
siTi(npZa/N)/sm(npa/  N)  ou  a  =  Entier  (x/Yq). 

La  figure  1  montre  les  resultats  obtenus  pour  les 
sequences  GQ  obtenues  avec  No  =  30,  Z  =  3,  Yo  =  10, 

p  =\. 

On  pent  noter  que  ; 

•  La  sequence  complete  de  longueur  900  est  a 
correlation  parfaite,  la  valeur  maximum  etant  egale 

a  TVq  =  900  et  d'amplitude  constante  egale  1. 

•  La  sequence  analogique  est  a  correlation  parfaite 
de  longueur  N  =  300,  la  valeur  maximum  etant 

egale  a  Nl  =  900. 

•  Les  sequences  de  base  sont  a  correlation  presque 
parfaite  et  comportent  Z  =  3  valeurs  non  nulles 

equidistantes  d'amplitude  Nl  =  900. 

•  L'amplitude  de  la  sequence  analogique  suit  la  loi 
de  variation  indiquee.. 

Propriete  3  :  Sequences  GO  primitives. 

Tons  les  resultats  obtenus  pour  les  sequences  GQ  ont 
ete  etablis  par  les  p  transformes  et  sont  done  valables 
pour  tout  p  [A(|. 

La  relation  (11)  indique  que  le  p  transforme  d'une 
sequence  q  permutee  est  le  q  transforme  polynome 
d'une  sequence  p  permutee. 


Les  sequences  de  base  GQ  bot(x)  sont  definies  a  partir 
de  (44)  en  posant  Wia=\\ 


rn-i 


6.,  =  Zc/, 


k  z+bY 


it=0 


Le  p  transforme  du  polynome  de  correlation  donne  par 
la  relation  (32)  montre  que  : 

•  La  fonction  de  corrdation  est  nulle  en-dehors  de  Z 
valeurs  non  nulles  equidistantes  de  symboles 
et  dont  l'amplitude  prend  la  valeur  N.  Ces 
fonctions  de  correlation  sont  presque  parfaites. 

•  Les  fonctions  d'intercorrelation  des  sequences  de 
base  sont  strictement  grace  a  la  condition  (30). 

La  sequence  complete,  definie  par  (27),  est  a 
correlation  parfaite,  sa  valeur,  pour  un  decalage  nul, 
etant  egal  a  NZ. 

La  sequence  analogique  de  longueur  N,  definie  par 
(26),  est  a  correlation  parfaite,  sa  valeur,  pour  un 
decalage  nul  ^tant  egal  a  NZ.  Le  module  de  la 


Les  resultats  obtenus  pour  les  sequences  de  base 
demeurent  done  valables  pour  toutes  les  sequences  p 
permutees,  p  dtant  premier  avec  N. 

La  figure  2  represente  les  resultats  obtenus  avec  les 
memes  valeurs  de  No  =  30,  Z  =  3,  Yo  =  10,  que  pour  la 
figure  1,  mais  avec  des  sequences  de  base  p  =  7 
permutees.  On  peut  noter  que  les  resultats  ne  sont  pas 
modifies,  a  I'exception  de  l'amplitude  de  la  sequence 
analogique  dans  laquelle  une  operation  d'addition 
classique  modifie  les  resultats. 

Cette  propriete  montre  que  le  nombre  de  sequences 
GQ  existant  pour  chaque  triplet  (No,  Z,  Yq)  est  toujours 
eleve.  Le  nombre  p  etant  premier  avec  N,  le  nombre 
d'ensembles  de  sequences  GQ  que  Ton  peut  construire 
est  donne  par : 


(  A 

( 

( 

N 

1- 

1- 

^  aj 

V  b) 

^  ej 

oxi  a,  b, ...  e  premiers  tels  que 
N  =  a°  b^...e^ 
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Le  tableau  1  donne  le  nombre  de  sequences  GQ 
primitives  que  Ton  peut  construire  d  partir  du  nombre 
minimum  de  sequences  que  Ton  peut  utiliser  pour 
chaque  valeur  de  No.  Le  nombre  de  sequences 
primitives  que  Ton  peut  construire  devient  tres  vite 
important  des  que  No  croit,  ce  qui  montre  la  richesse 
de  ces  sequences. 


On  peut  done  donner  a  W/a  une  valeur  arbitraire  sans 
que  Ton  modifie  les  proprietes  des  sequences  GQ. 

II  est  pratique  de  choisir : 

^  ou  n  est  un  entier  arbitraire. 

Tout  ddcalage  arbitraire  des  sous-sequences  laisse 
invariantes  les  proprietes  des  sequences  GQ. 


II  est  dgalement  possible  de  permuter  les  elements  de 
la  sequence  complete  sans  modifier  ses  proprietes. 

Le  p  transform^  polynome  Cg(x)  etant  un  polynome 
uniforme  (28)  ou  P  =  1  : 

C,(x)^NZ 

toute  p  permutation  le  laisse  invariant.  Le  polynome 
de  correlation  est  done  dgalement  invariant. 

Proprietes  4  :  Sequences  GO  translatees. 


La  figure  4  montre  les  resultats  obtenus  pour  des 
decalages  arbitraires  de  chaque  sous-sequence  pour 
des  sequences  GQ  definies  par  les  memes  parametres 
que  pour  les  figures  1,  2  et  3  :  =  30,  Z  =  3,  Yo  =  10. 

On  note,  comme  pour  les  autres  cas,  une  invariance 
des  rdsultats,  a  I'exception  de  la  sequence  analogique, 
pour  les  raisons  citdes  prdeedemment. 

Propriete  6  :  Sequences  GO  primitives,  translatees, 
decalees. 


Si  b(x)  est  un  polynome,  son  polynome  translate  est 
b^(x)  =  xfb(x).  II  est  simple  de  voir  que,  si  on  translate 
un  polynome,  son  polynome  de  correlation  est 
inchange.  En  effet,  (7)  s'ecrit  alors  : 

c{x)  =  b‘*{x)b\\l  x)  =  b''  (x)  b(ll  x) 


Si  on  translate  ime  sequence  (43)  de  tk  son 

polynome  de  correlation  (41)  est  inchange  et  par  suite 
de  (39)  le  polynome  de  correlation  de  la  sequence 
Cj/x)  demeure  invariant : 

•  Les  sequences  GQ  demeurent  strictement 
orthogonales. 

•  Les  autocorrelations  des  sequences  GQ  demeurent 
invariantes. 

II  s'ensuit  que  les  sequences  complete  et 
analogique  demeurent  invariantes. 

Les  proprietes  des  sequences  GQ  sont  conservees  pour 
toute  translation  arbitraire  de  chaque  sous-sequence 

Skz(x). 


La  figure  3  montre  un  exemple  de  sequences  GQ 
translatees  pour  les  parametres  pris  dans  le  cas  des 
figure  1  et  3  ;  =  30,  Z  =  3,  Fo  =  10,  les  sequences 

etant  non  permutees,  p  =  1,  et  les  translations  sur  les  3 
sequences  etant  respectivement  t\-  W,  12  =  151,  h- 
37. 

On  note  que  les  resultats  ne  sont  pas  modifies,  a 
I'exception  de  I'amplitude  de  la  sequence  analogique 
dans  laquelle  une  operation  d'addition  classique 
modifie  les  resultats. 

Propriitds  5 ;  Sequences  GO  dicalies. 

Le  polynome  decaie  de  b/x)  est  b^  (x)  =  • 

Les  relations  (48)  et  (41)  montrent  que  Wta  ne  modifie 
pas  done  . 


II  est  simple  de  verifier  que  les  proprietes  des 
sequences  GQ  sont  invariantes  si  on  applique 
simultanement  les  transformations  decrites 
preeddemment ; 

•  Translations  primitives. 

•  Translations. 

•  Decalages. 

La  figure  5  montre  les  resultats  obtenus  pour  les 
sequences  GQ  definies  par  Nq  =  30,  Z  =  3,  Yo  =  10  et 
qui  sont  simultanement : 

•  Primitives  :p  =  l. 

•  Translatees  :t\  =  \\,t2  =  251,  =  37. 

•  Decaiees  avec  les  memes  valeurs  que  dans  le  cas  de 
la  figure  4. 

Les  resultats,  a  I'exception  de  I'amplitude  de  la 
sequence  analogique,  demeurent  invariants. 

On  peut  noter  que,  dans  toutes  ces  transformations,  les 
amplitudes  de  la  sequence  complete  et  des  sequences 
GQ  demeurent  constantes,  dgales  a  I'unite. 

Le  tableau  2  montre,  pour  un  cas  simple,  No  =  6,  Z  = 
2,  Yo  =  2,  dififerentes  suites  obtenues  par  les 
transformations  preeddemment  decrites. 

V.  EXTENSION  DES  SEQUENCES  GO  - 

II  est  possible,  sous  reserve  d'admettre  une  modification 
des  proprietes  des  sequences,  de  modifier  la  longueur 
des  sequences  GQ  pour  une  valeur  dounde  de  No. 

La  relation  (22)  donne  la  constitution  des  sequences  GQ 
completes  d  partir  des  sequences  GQ. 

Si  on  forme  le  polynome  : 


oil 


z=\  e=0 

5(x)  indique  que  le  polynome  est  ddfini  sur 
A(x)/(x^-]) 
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=  exp| 


E  ) 


II  est  simple  de  verifier  que  ; 

•  La  fonction  de  correlation  de  la  sequence 
complete  est  a  pointe  centrale  unique  et  que  la 
fonction  de  correlation  est  nulle  en  dehors  de 
cette  pointe  centrale. 

•  La  sequence  analogique  est  nulle. 


vn.  -  CONCLUSION  - 

Les  sequences  GQ,  constituees  par  des  ensembles  de  Z 
sequences  orthogonales  de  longueur  N  et  de  fonction  de 
correlation  presque  parfaite,  permettent  la  construction 
de  deux  sequences  ayant  des  fonctions  de  correlation 
parfaites. 

La  sequence  GQ  complete  de  longueur  NZ  =  Nl  est 
d'amplitude  constante. 


No 

II  est  particulierement  interessant  de  choisir - entier 


car,  dans  ces  conditions  : 

No 

W,  =  W^T 

ce  qui  n'introduit  pas  de  nouvelles  valeurs  de  symboles 
dans  la  sequence. 


La  figure  6  montre  un  exemple  d'extension  de  sequence 
GQ  pour  No  =  30,  Z  =  3,  Vo  =  10,  p  =  1,  ti  =  11,  t2  = 
251,  fa  =  37  et  pour  des  decalages  identiques  a  chaque 
sous-sequences  de  chacune  des  3  sequences 
respectivement  egales  a  0,  23,  16  et  pour  une  extension 
E  -  15.  On  obtient  done  ainsi  une  sequence  complete 
d'une  longueur  de  13500.  On  pent  observer  sur  ces 
resultats  les  proprietes  enoncees  ci-dessous  : 

•  Sequence  complete  d'amplitude  unitaire. 

•  Correlation  de  la  sequence  complete  a  pointe 
unique. 

•  Sequence  analogique  nulle. 


La  sequence  GQ  analogique  de  longueur  N  est 
d'amplitude  variable. 

Ces  sequences  existent  pour  toutes  les  valeurs  de  No  et 
pour  tout  couple  NZ  tel  que  NZ  =  Nl . 

II  existe,  pour  chaque  couple  NZ,  un  tres  grand  nombre 
de  sequences  oUenues  par  des  transformations 
primitives,  de  translation  ou  de  decalage.  Outre  les 
proprietes  de  correlation  parfaite  et  d'orthogonalit^  des 
sequences,  I'un  des  interets  de  ces  sequences  vient  de  la 
reduction  de  la  complexite  de  calcul  de  la  fonction  de 
correlation  par  la  reconstitution  de  la  sequence 
analogique  a  partir  de  la  sequence  complete. 

Ces  sequences  trouvent  des  applications  dans  les 
systemes  de  teledetection  et  de  telecommunication. 
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VI.  -  APPLICATIONS  DES  SEQUENCES  GO  - 
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TABLEAU  1 


No 

N^=ZN 

Nbre 

de 

sequences 
de  base 

Nbre  de  sequences 
primitives  pour  Zmin?^l 

Zmin 

N 

2 

4 

2 

2 

2 

1 

3 

9 

2 

3 

3 

1 

4 

16 

3 

2 

8 

4 

5 

25 

2 

5 

5 

1 

6 

36 

4 

2 

18 

6 

7 

49 

2 

7 

7 

1 

8 

64 

4 

2 

32 

16 

9 

81 

3 

3 

27 

18 

10 

100 

4 

2 

50 

20 

12 

144 

6 

2 

72 

24 

14 

196 

4 

2 

98 

42 

16 

256 

5 

2 

128 

64 

18 

324 

5 

2 

162 

72 

20 

400 

5 

2 

200 

80 

25 

625 

3 

5 

125 

100 

30 

900 

8 

2 

450 

120 

35 

1225 

5 

5 

245 

168 

40 

1600 

8 

2 

800 

320 

45 

2025 

6 

3 

675 

360 

50 

2500 

6 

2 

1250 

500 

55 

3025 

4 

5 

605 

440 

60 

3600 

13 

2 

1800 

480 

65 

4225 

4 

5 

845 

624 

70 

4900 

8 

2 

2450 

980 

75 

5625 

6 

3 

1875 

1000 

80 

6400 

10 

2 

3200 

1280 

85 

7225 

4 

5 

1445 

1088 

90 

8100 

12 

2 

4050 

1080 

95 

9025 

4 

5 

1805 

1368 

100 

10000 

9 

2 

5000 

2000 
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Amplitude  complete  sequence  Amplitude  analog  Sequence 


Corral  complete  sequence  p=1  pc=1  ext=1  Redicorrel  analog  seq  Greenicorrel  sequence 


No=30  Z=3  Yo=10  N=300  Lt=900  Transl=  0  0  0  Percirc=  1  1  1 


FIGURE  1:  SEQUENCES  DE  BASE  GQ 
No=30  Z=3  Yo=10  p=l 


Corr6l  complete  sequence  p=7  pc=1  ext=1  Red:correl  analog  seq  Greenicorrel  sequence 


No=30Z=3Yo=10N=300Lt=900Transl=  0  0  0  Percirc=  1  1  1 


FIGURE  2  :  SEQUENCES  GQ  PRIMITIVES 
No=30  Z=3  Yo=10  p=7 
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Amplitude  complete  sequence 


0  200  400  600  800 


0  200  400  600  800 

No=30Z=3  Yo=10N=300Lt=900Transl=  0  0 


Redicorrel  analog  seq  Greenicorrel  sequence 


0  100  200  300 

0  Percirc=  11  251  37 


FIGURE  3  :  SEQUENCES  GC  TRANSLATEES 
No=30  Z=3  Yo=10  p=l  Translations  des  sequences  :  tl=ll,t2=251,t3=37 


Amplitude  complete  sequence 


0  200  400  600  800 


Amplitude  analog  Sequence 


0  200  400  600  800 


1Red:correl  analog  seq  Green:correl  sequence 


0  100  200  300 


No=30Z=3Yo=10N=300  Lt=900  Trans  1=  0  23  16  6  9  5  3  25  2  7  17  25  3  7  3  26 


FIGURE  4  :SEQUENCES  GQ  DECALEES 

No=30  Z=3  Yo=10  p=l  Decalages  des  sous  sequences  :  0,23,16,6,5,3,25,3,7,3,26,21,2,17,... 
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Amplitude  complete  sequence 


0  200  400  600  800 

Corr6l  complete  sequence  p=7  pc=1  ext=1 


0  200  400  600  800 

No=30  Z=3  Yo=10  N=300  Lt=900  TransN  0 


Amplitude  analog  S6quence 


1000  - 

800  - 

600  - 

400  - 

200  I - 

O' - - - 

0  100  200  300 

16  6  9  5  3  25...  Percirc=  11251  37 


FIGURE  5  :  SEQUENCES  GQ 

PRIMITIVES, TRANSLATEES,DECALEES 
No=30  Z=3  Yo=10  p=7  Decalages  des  sous  sequences  : 
0,23,16,6,9,3,25,3,7,3,26,21,2,17.. 

Translation  des  sequences:tl=ll,t2=2Sl,t3=37 

Amplitude  complete  sequence  Amplitude  analog  S6quence 


No=30  Z=3  Yo=10  N=300  Lt=13500  Transl=  0  23  16  Percirc=  11  7  3 


FIGURE  6  :EXTENSION  DE  SEQUENCE  GQ 

Extension  par  un  facteur  E=1S  d’une  sequence  primitive, etendue,decalee 


SEQUENCE  COMPLETE  DE  BASE 


000000012345 

004024030303 

042042054321 


SEQUENCE  COMPLETE  DECALEE 
Decalages  1  5  3  7  2  4 

132514  1  44253 
1505321022  1  1 

114550120235 


SEQUENCE  COMPLETE  PRIMITIVE  DECALEE 
p=7  Decalages  15  3  7  2  4 

1  3  2  2  1  1  1  4  4  5  5  0 

1  50235102514 

114253120532 


SEQUENCE  COMPLETE  PRIMITIVE  DECALEE  TRANSLATEE 
p=7  Decalages  15  3  7  2  4  tl=ll  t2=7 13=3 

5  1  0110255122 

534134213140 
55215223  1  104 


SEQUENCE  COMPLETE  PIUMITIVE  DECALEE  TRANSLATEE  EXPANSEE 
p=7  Decalages  15  3  7  2  4  tl=ll  t2=7 13=3  E=3 

513135024135 
135024240513 
513  1  35240240 

513351402135 
351402240135 
351135402024 
513513240  1  35 
513240240351 
135135024402 


TABLEAU  2  :  EXEMPLES  DE  SEQUENCES  GQ 
PRIMITIVES  ,  TRANSLATEES ,  DECALEES,EXPANSEES 
No  =  6,Z  =  3,Yo  =  2,N  =  12,No'^2  =  36 
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1.  SUMMARY 

Analytic  signal  processing  has  gained  wide  acceptance 
in  the  electronics  community  and  it  is  important  to 
define  the  transform  family  which  allows  regular 
analytic  samples  of  a  signal  to  be  calculated  from  its 
real  sampling.  This  paper  is  composed  of  three  main 
parts. 

The  first  part  shows  that  band  limited  continuous 
signals  are  well  approximated  by  trigonometric 
polynomials  whose  frequencies  lie  within  a  frequency 
band  of  the  same  width,  and  that  we  may  thus  represent 
these  signals  by  analytic  samples. 

The  second  part  is  devoted  to  the  derivation  of  an 
explicit  formula  for  the  weighting  coefficients  used  to 
calculate  the  two  cartesian  coordinates  of  the  complex 
samples. 

The  third  part  reviews  some  properties  of  this 
transform  from  the  signal  processing  standpoint. 

2.  INTRODUCTION 

The  analytical  signal  representation  has  been  devised 
by  VILLE  [1]  in  1950  in  order  to  give  a  sound 
foxmdation  to  the  notions  of  phase  and  frequency  for  a 
signal  to  be  processed. 

For  practical  purposes  radio  frequency  signals  are 
translated  to  an  intermediate  frequency  band  by  mixing 
them  with  the  output  of  a  local  oscillator.  For  instance 
cos  (fflt+cp)  mixed  with  cos  (oJot)  gives  two  signals 
which  can  be  separated  by  adequate  bandpass  filtering. 

2cOSCO^t  COS((Dt  +  (p)  =  COs[((B^  -(D)t-Cpj-fCOs|(ra^  -l-ffl)t+(pj 


We  must  however  impose  cOoXa  to  keep  the  proper 
phase  rotation,  for  otherwise  cOo-o  is  negative  and  the 
signal  may  be  interpreted  as  cos[(co-®o)t-cp].  To  avoid 
the  above  restriction  and  also  translate  to  base  band,  it 
is  usual  to  mixe  the  RF  signal  with  sincoot  and  combine 
this  result  with  the  cosoot  translation. 

2sincDgtcos(cot-i-cp)  =  sin^(a)^  -  CD^t  -  cpj -t- ^  +ffi)t-i-(pj 


The  lowest  frequency  term  of  this  last  equation  appears 
as  the  quadrature  of  the  corresponding  term  of  the 
first  cos0ot  translation,  so  that  cos(0t+q))  can  be 
represented  in  the  complex  plane  by  expj(®t+9).  In  this 
last  form,  there  is  no  ambiguity  on  the  sign  of  ©  since 
negative  frequencies  are  now  well  defined. 

The  above  method  is  commonly  used  to  derive  the  two 
components  (real  and  imaginary)  of  the  analytic 
representation  of  real  signals.  The  corresponding 
implementation  shown  in  fig  1  is  justified  by  the  fact 
that  locally,  any  real  signal  can  be  uniformly 
approximated  by  a  trigonometric  polynomial  as  will  be 
shown  in  the  following  chapter. 


Figure  1  -  Analog  signals  in  quadrature 

For  subsequent  digital  processing,  the  components  of 
the  analytic  representation  of  a  signal  must  be  sampled 
and  digitized.  The  usual  way  to  go  from  analog  to 
digital  consists  of  keeping  the  same  functional 
architecture  and  digitizing  successively  each 
elementary  identified  module. 

This  procedure  seems  technically  secure. 

However  it  is  far  from  producing  an  optimum  design  as 
one  can  see  by  comparing  it  with  a  digital  analytic 
sampler  designed  for  the  purpose. 

In  this  case,  the  signal  to  be  digitized  at  an 
intermediate  frequency  is  digitized  by  real  sampling, 
and  the  complex  components  are  then  calculated  by 
processing  with  an  appropriate  filter  function. 


Paper  presented  at  the  AGARD  SPP  Symposium  on  “Digital  Communications  Systems:  Propagation  Effects, 
Technical  Solutions,  Systems  Design",  held  in  Athens,  Greece,  18-21  September  1995  and  published  in  CP-574. 
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3.  HEURISTIC  DESIGN  OF  AN  ANALYTIC 
DIGITIZER 

3.1.  Definition  of  the  signal  in  quadrature 


Every  textbook  on  signal  processing  claims  that  the 
quadrature  signal  associated  to  r(t)  is  obtained  by 

1  1 2  .  (■+<» 

convolving  it  with  provided  that  J_^r(t)dt  =  0 . 


(1) 


(2) 

_| 

r(t)  continuous  for  O  <  t  <  T  =>  r(t)  =  —  +  ^  I 

^  ■  n>l 


a  cos2nn 


with  r(0)  =  r(T) 

f. 


+b.  sin2nn 


t 


:  r(T)cos2nnYd'r 

[*’n  ""  f 


r  d-t 

t 

J-oo  t-t 

c  cos 

n 

2nn— +  (0 

"Y  'n 

By  straightforward  trigonometric  manipulations,  it  is 
possible  to  transform  a^cos2nnY  +  bjjSin2nnY  into 


,  so  that  r(t)  takes  a  more  convenient 
form  for  defining  the  signal  q(t)  in  quadrature  with  r(t). 


When  r(t)  is  a  sequence  of  real  samples  with  frequency 
Fe,  one  should  expect  to  get  a  good  result  by  using  the 
1 

sampled  Hilbert  kernel  “  •  Evaluation  of  this 

method  with  sinewaves  as  shown  on  figure  2  gives  a  (3) 
result  which  is  far  from  satisfactory  for  a  reasonable 
complexity  (i.e.  number  of  coefficients)  even  with  the 
interpolation  method. 


n>l  ^ 

Z^nSinf2nn^  +  (pJ 

n>l 

A 

z(t)=  r(t)  +  jq(t) 


Figure  2  -  Quadrature  from  sampled  Hilbert  kernel 


We  are  therefore  obliged  to  look  for  a  better  idea.  We 
consider  the  fact  that  the  quadrature  of  cos(ot+(}))  is 
sin(©t+cp)  and  that  any  periodic  continuous  function 
r(t)  can  be  approximated  in  the  mean  by  its  Fourier 
Series. 


In  this  last  expression,  we  have  taken  ao=0  which  is 
justified  in  the  case  of  radio  frequency  signals  which 
have  no  zero  frequency  component. 

Although  the  definition  of  the  analytic  signal  z(t) 
associated  with  the  real  signal  r(t)  as  given  by  (3)  is 
formally  correct,  its  derivation  is  questionable.  The 
main  objection  concerns  the  type  of  approximation  of 
the  real  signal  r(t).  In  fact  a  theorem  due  to 
WEHISTRASS  (1885)  establishes  the  existence  of 
uniform  (over  a  limited  time  interval)  approximation 
of  continuous  signals  by  trigonometric  polynomials. 

To  make  things  more  precise,  we  sketch  the  proof  as 
given  by  Courant  and  Hilbert  [2]. 

For  the  interval  [0,1]  the  polynomial  [l-(u-^)^]"  in  u 
takes  its  maximum  value  1  when  u=^,  and  decreases 
rapidly  toward  zero  outside. 

The  function  f(^)  continuous  in  the  interval 
0  <  a  <_^  <_t>  <  1  is  continuously  extended  to  the 
interval  a  <_^  <_p  with  0  <  a  <_a  <b  <_p  <  0. 

For  a  <.^  <b  it  can  be  prouved  that  the  polynominals  of 
degree  2n  in  ^ 
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£j(l-u2)”du 

approaches  uniformally  the  (uniformally)  continuous 
function  f©.  Uniform  convergence  with  n  signifies 
that  given  any  s  >  0,  one  can  find  an  integer  N 

independent  of  ^  such  that  n  >  N=>|p^(^)  -  f(0|  <  e  • 

This  uniform  approximation  is  then  extended  to  two 
dimensions. 

given  by 

f  ri-u2)''du 

J— 1 

f(^,ri)  is  continuous  in  the  square  defined  by 
0  <  ai  <.bi  <  1  and  0  <  a2  <_t|  <.b2  <  1. 

By  linear  change  of  coordinates,  we  see  that  any 
function  continuous  over  a  finite  interval  of  the  plane 
can  be  approximated  uniformally  by  polynomials  in  two 
variables. 

We  are  now  in  a  position  to  derive  the  uniform 
approximation  by  trigonometric  polynomials  of  the 
continuous  function  r(t).  The  periodic  condition 
r(0)=r(T)  can  be  considered  as  being  always  satisfied  by 
modifiying  r(t)  outside  the  useful  interval  and  changing 
the  coordinate  scaling. 


Z(f)  =  J  z(t)[exp  -  2njft]dt 

=  ;j=O(0[exp2njft]df 
z(t)3Z(f)  or  Z(f)cz(t) 


With  above  notations,  the  convolution  of  the  two 
functions  f(x)  and  g(x)  is  defined  (cf  (3))  by  the  integral 

(f  *g)(t)  = -j==J  f(t-T)g(x)dx  which  has 

the  property  that  its  Fourier  Transform  equals  the 
product  F(f)G(f)  of  their  Fourier  transforms  in 
accordance  with  (4). 

Expression  (3)  gives  Fourier  transform  pairs,  and  (1) 
defines  the  Hilbert  transform  which  can  be  interpreted 
as  a  convolution  product. 


)-jsgnf  with 


r(t)  3R(f) 


sgnf  =  1  if  f  >  0 
sgnO  =  0 

sgnf  =  -1  if  f  <  0 


q(f)  =  *>■(•)  (t)=5-jR(f)sgn(f) 


From  (3)  and  (5)  one  can  evaluate  Z(f)  as  a  function  of 
R(f). 


The  function  cp(^,ri)=pr(t)  where  ^  pcos2n—  and 


T]  =  psin2n—  is  continuous  and  coincides  with  r(t)  on 

the  unit  circle  |^+t|^=1.  According  to  previous  results, 
(p(^,Ti)  can  be  uniformally  approximated  by 
polynomials  in  ^  and  r\.  By  setting  p=l  in  these 
polynomials,  we  get  a  uniform  approximation  by 

polynomials  in  cos2nY  and  sin2nY  which  can  be 

written  in  the  form  (2)  and  then  (3)  as  before. 


rZ(f)  =  2R(f)  forf>0 
lz(f)  =  0  forf<0 

Remarks : 

-  It  should  be  noted  here  that  the  frequency  variable  f 
in  (6)  is  not  related  in  a  simple  way  to  the  discrete 

frequencies  ^  appearing  in  (2)  and  (3). 

-  The  approximation  r(t)  as  given  by  (3)  is  analytic  by 
constraction  and  thus  justifies  the  expression 
analytic  representation  of  real  signals. 


3.2.  Frequency  interpretation  of  the  Hilbert  3.3.  Shannon  interpolating  formula  for  band 

transform  for  band  limited  signals  limited  signals 

Under  reasonable  conditions,  the  complex  functions  complex  signal  z(t)  considered  here  has  its  Fourier 

z(t)  and  Z(f)  of  the  real  variables  t  and  f  are  a  Fourier  transform  Z(f)  which  equals  zero  outside  the  positive 

pair  according  to  (4).  open  interval  B  - — ,B  -f  — . 

2  2 
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If  both  Cartesian  coordinates  of  Z(f)  are  of  bounded 
variation  in  the  open  interval  defined  above,  the 
function  Z(f)  defined  by  the  Fourier  Serie  of  Z(f) 
converges  pointwise  to  the  average  of  the  limits  of  the 
function  Z(f)  from  the  right  and  left  (Dirichlet 

AB 

condition  given  in  (4))  in  the  interval  B  -  —  .B  +  — . 


(7) 


Z(f  +  B)  =  Zjj  exp-  2njn 

n>0 


AB 


Z(g) 


=z- 

n>0 


exp-2njn 


g-B 

AB 


By  the  Fourier  inversion  formula  (4)  it  is  possible  to 
evaluate  z(t)  from  Z(f)  c  z(t)  up  to  a  multiplicative 
constant  C. 


z(t)  =  Cj^^A|Z(g)[exp2njgt]dg 


AB 


B- 


B  B+  f  n 

=  C X expinjn— f  ^ Jexp2njg[t  - ^Jdg 

n>0  B  ^ 


=  C  Vz  rexp2njBt]sin^^^^ 

n(tAB-n) 


n>0 


To  remove  constants  C’  and  z„,  a  —  is  evaluated 


aab 


which  gives  the  Shannon  interpolating  formula  below. 


W  2(t)-  yJjLymlXtAB-n)  I'  ji 

il>0  n(lAB-n)  I  AB 


This  relation  shows  that,  provided  the  Dirichlet 
condition  is  met,  a  real  signal  r(t)  of  positive  band¬ 
width  AB  centered  at  B  is  fully  represented  by  its 

analytic  samples  of  periodicity  in  time. 


3.4.  Band  limited  almost-periodic  interpretation  of 
signal  (5) 

The  samples  of  cos(2rTft-i-9)  for  t  =  are  invariant 

when  f  is  changed  into  f+AB.  Thus  sampling  at 
frequency  AB  creates  an  equivalence  mod  AB  on  the 
frequency  axis,  so  that  the  component  frequency  of  a 
WEIRSTRASS  expension  of  a  band  limited  signal  can 
be  considered  as  belonging  to  the  same  band 

f  AB'^ 

I^B-i-kAB-— ,B-i-kAB-t-— J  where  k  is  any 

integer. 


This  result  is  valid  even  when  the  Dirichlet  condition  is 
not  met  because  there  is  a  finite  number  of  discrete 
frequencies  lines. 

The  presence  of  these  critical  lines  is  important  because 
the  Shannon  interpolation  formula  diverges  for  a  single 
sinewave,  whatever  its  frequency.  However  for  normal 
processing  this  interpolation  formula  is  not  necessary, 
and  only  the  existence  of  a  uniform  approximation  by  a 
trigonometric  polynomial  in  the  physical  band  is 
required.  One  verifies  afterwards  that  an  analytical 
sampling  at  rate  AB  is  sufficient  to  represent  the 
original  real  signal  r(t). 


1 

_ k. 

ONE-SIDED 

FREQUENCY  BAND  A  B 

I 


TRIGONOMETRIC  POLYNOMIAL 
APPROXIMATION 


I 


ANALYTIC  REPRESENTATION  I 


I 


SAMPLED  REPRESENTATION 


T 

YTRI 
IN  S/ 

I 


I 

'  EC 
D.  I 

J 


FREQUENCY  EQUIVALENCE 
MOD.  A  B 


UNIFORM  APPROXIMATION  BY  TRIGONOMETRIC  POLYNOMIALS 
FREQUENCIES  IN  SAME  BAND  A  B 


ANALYTIC  DIGITIZER 


Figure  3  -  Concept  derivation 


4.  OPTIMUM  ANALYTIC  SAMPLER  OF  GIVEN 
COMPLEXITY 

4.1.  Definition  of  the  Discrete  Hilbert  Transform 


Let  Fs  be  the  real  sampling  frequency. 

A  discret  Hilbert  transform  is  defined  by  the  n 
coefficients  applied  to  the  same  number  of  samples 
taken  from  the  real  signal  r(t)  to  be  digitized. 

The  significantly  better  performance  obtained  with  the 
second  discretized  Hilbert  kernel  suggests  the  use  of  an 
antisymetric  weighting  centered  in  the  middle  of  two 
consecutive  time  samples.  This  weighting  requires  to 
either  resampling  r(t)  at  the  corresponding  time  or  the 
use  of  interpolation.  In  fact  interpolation  is  preferable 
as  it  is  a  good  method  also  to  correct  some  defects  or 
limitations  of  real  digitizers  as  it  will  be  evaluated  in 
paragraph  5.2. 
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The  Discrete  Hilbert  transform  is  defined  by  (9)  which 
gives  the  2  Cartesian  coordinates  of  z(t),  the  analytic 
representation  of  r(t). 


(9) 

A 

x(t)  =  a^ 


y(t)=b. 


r  t - H-r  t  +  - 

2Fs^  V  2Fs. 


-i-r  t-i- 


2m+ 1 


2m+l 

r  t - 

2Fs 


r  t-- 


2F; 


r  t-i- 


2Fs 
+...+b^ 
2m -I- 1 


r  t- 


2m -1-1 
2Fs 


2Fs 


z(t)=x(t)-t-jy(t) 


Figure  4  -  Analytic  interpolating  coefficients 


The  transform  r(t)  z(t)  defined  in  (9)  is  linear  and 
r(t)  can  be  approximated  by  a  trigonometric  polynomial 
whose  frequencies  are  in  the  spectral  band.  As  a 
consequence  we  determine  the  coefficients  ai,  hi  in  such 
a  way  that  z(t)  obtained  by  (9)  is  nearly  exact  about  the 
central  frequency  F. 


To  obtain  this  result,  the  standard  method  is  to  equate 
the  first  derivatives  of  r(t)=cos(2nft+(p)  to  zero  for 
f=F. 


(10) 

r 


<^x(t)  =  2A(9)r(t)  with 


A  m 

A(0)=  cos(2k  -i- 1)0 
k=0 


y(t)  =  2B(0)q(t)  with 


A  m 

B(0)=  sin(2k-hl)0 


k=0 


The  technical  problem  is  reduced  to  the  solution  of  a 
linear  system  of  the  form  A(0)=B(0)  or  A(0)=-B(0)  and 
9A=5B=0,  9^A=9^B=0  etc,  where  the  derivatives  are 
taken  with  respect  to  0. 

4.2.  Structure  of  the  optimum  coefficients  set 

As  this  system  is  homogeneous  in  a^,  bk  we  can  divide 
by  two  the  number  of  equations,  by  introducing  the  2 
variables  a=cos0  and  b=sinb. 

By  recurrence,  it  can  be  proved  that  cos(2k+l)0  and 
sin(2k+l)0  can  be  expressed  by  the  same  set  of 
polynomials  Qk(u)  of  degre  k  in  u. 

jcos(2k+  l)e=(-l)>'Q^(a2).a  Q^Cu)  =  1 
[sin(2k  +  l)0  =  Qj^(b^).b  Qj(u)  =  3-4u 
withl=a2+b2  Q2(u)  =  5-20u+16u2 

a=cos9  Qj(u)  =  7-56u  +  112u^ -64u^ 

b  =  sin  0 

etc... 

The  solution  in  ak,  bk  can  be  reduced  to  the  solution  of 
Ck  in  the  system  defined  by  (12). 

(12) 

P(v)  =  v^C^^Q^(v^)and - ^  =  0fork  =  l,2,...,m 

k=0  dv*^ 

Efiective  determination  of  A(0)  and  B(0)  is  deduced 
from  solution  of  (12)  by  the  substitution  below. 

(13) 

_  _  A  _  _  A 

A(a)  =  A(oos0)=A(0)  and  B(b)  =  B  (sin0)  =  B(0) 

_  m 

A(a)  =  a  2a^(-l)‘^Qj.(a^)'t=aj^  =  (-1)‘^C^  <=P(a)  <;=a  =  cos0 
k=0 

_ 

B(a)  =  b  ~  “k  ■=P(b)<=b  =  sin0 

k=0 


For  this  test  signal,  we  evaluate  (9)  thus  highlighting 
its  basic  structure. 


In  general  the  method  indicated  by  (13)  requires 
optimization  of  P(v)  for  v  =  a  and  v  =  b. 
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Optimisation  of  P(v)  gives  the  same  output  {Ck} 
provided  that  v^=  a^  =  b^.  This  condition  is  equivalent 

to  0  =  ±  —  mod  n  for  f  =  F. 

4 


From  now  on,  we  suppose  that  this  condition  is  fulfilled 
which  yields  a  new  relation  between  the  sampling 
frequency  Fs  and  the  mean  frequency  F  of  the  signal. 


(14) 

20.  =2n— =  ±  — +  2kn=>Fs  =  ^^withk>0 

°  F„  2  l  +  2k  - 


Figure  5  -  Optimal  analytic  sampling 
(32  coefficients) 


Thanks  to  the  presence  of  the  integer  k  in  (14),  the 
variety  of  solutions  in  Fs  is  satisfactory  in  practice,  as 
will  be  explained  later. 


The  set  of  Ck  solution  of  (12)  for  0=0o  verifies  (15). 


(15) 


m 

A(0)  =  (cosG)  X(-l)'^Cj^Qj^(cos2  0) 
k=0 
m 

=  ^(-l)*'C,^cos(2k-tl)0 
k=l 

m 

B(0)  =  (sin0)2]C^Q^(sin2  0) 
k=0 
m 

-ICk  sin(2k  + 1)0 
k=l 


One  verifies  directly  on  (15)  that  the  two  gains  A(0) 
and  B(0)  are  related  by  symmetry  about  the  half 
Sharmon  sampling  frequency. 


(16)  |A(0|  : 


Bl— -0 
2 


and|B(0)|  = 


n 


4.3.  Derivation  of  the  optimum  coefficients  values 

From  the  first  definition  (10),  it  is  clear  that  in  the 
optimisation  process,  the  Van  der  Mond  structure  will 
show  up.  For  this  purpose,  we  formulate  the 
optimization  with  the  (new)  complex  function  P(0). 

(17) 

p(0)  =  A(e)-i-jB(e) 

(P(0))^’‘^  =  ^^^  =  0  for  k  =  1,  2,  ...,  m 

P(0)  =  2(-l)'^C^[cos(2k-i-l)0-i-j(-l)‘'sin(2k-i-l)0] 

k=0 

m  .  A 

=  ^(-l)'‘C^eJV  withsj^  =(-l)*^(2k-i-l) 
k=0 

The  h*  derivative  of  P(0)  with  respect  to  0  takes  the 
form  below  within  a  constant,  which  is  irrelevant  for 
the  optimisation. 

(18) 

P(0)=C 

m  . 

■  [P(0)]*'  =  X(-l)''Ck(Sk)‘'eJ*k«  withh=  l,2,...,m 
k=0 

m  A  .  Q 

Z^k(®k)*'  =Owithdj^=(-l)'^Cjj.e^®k 
k=0 


Up  to  an  irrelevant  constant,  the  solution  of  this 
homogeneous  system  in  dk  is  given  by  the  following 
determinants  obtained  by  removing  the  first  row  and  k* 
columm  of  the  determinant  of  the  original  system  (18). 
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^0  . . 

4  *1 . (Vi)^ . (v)^ 

Csf..(s,_i)” . (sj” 

k 


z>Cj^  =(-l)ke"-'®k0d 


Since  we  have  an  explicit  formula  to  evaluate  a  Van  der 
Mond  determinant,  we  divide  each  column  by  a 
convenient  factor  to  get  one  at  each  entry  of  the  first 
line. 


d^  =(-l)k-l  s^  i  Gi^_j  andd^_i  =(-l)k  Gj^ 
with 

11 . 1 . 1 . 1 . 1 


^0 . \-2- 


■h . \+l . ®m 


cin-1 

cin-l 

„m-l 

c.ni-1 

Sq  .. 

...s^  .. 

-•Sk+l-- 

O 

VI 

II 

\-2 

.,sj  .w 

with 

A 
w  = 


■k-2 

n(sx-Si) 

.i=0 


111 

n(sj  =x) 

j=k+l  - 


From  this  two  columns  expansion,  we  are  able  to  give  a 
compact  expression  for  the  ratio  of  two  consecutive  d^. 


^k-l 


For  0  =  we  draw  from  (19)  an  expression  for 


(19) 

C,. 


=  -  (-1) 


k  dk 


"k-l  ^k-1 

Nk 


2k -1 

1 - 

1 

T 

CO 

m  « 

rr  i 

2k -Hi 

.i=0  ®k-Si  J 

.i=k-fl  ®k  . 

=  -(-!)* 


As  such  the  expression  can  be  significantly  simplified. 

As.  -  —  s.  Ob  1  /  1^k-^ii 


S(k,i) 


2k-l-(-l)k+^(2i  +  l) 
s^-Si  2k  +  l-(-l)k+i(2i  +  l) 


Direct  evaluation  gives  the  following  results. 


k  +  iodd  S(k,i)  S(k,i  +  l)  =  l 
k  even  S(k,0)  =  -1 

C 


"k  .  =  (-l)k-l  2k  - 1 


"k-l 


2k +  1 


■k-2 

ns(k,i) 

i=o 


ns(k,i) 

j=k+l 


When  k  is  even,  k-1  is  odd,  and  the  first  bracket  equals 
-1=(-1)‘''',  the  second  bracket  equals  1,  if  k+n  is  even 
the  second  bracket  equals  1,  and  S(k,m)  otherwise. 

When  k  is  odd,  the  first  bracket  equals  l=(-l)^  and  the 
second  bracket  is  different  from  one  only  when  k+m  is 
odd  and  then  equals  S(k,  m). 


(20) 

C, 


"k-1 


2k-l 
2k  +  l 

2k -1  1  +  m-k 


2k +  1  1-t-tn  +  k 
k  =  0,1, ...,m 


k  +  m  even 
k  +  m  odd 


to 

1 

Gk-1 

H-1 

2k -fl 

Gk 

n=4  or  m=l 

2k- 1 

i 

T 

CO 

m  S.  -s,  , 

rr  J 

Cl 

2k -1-1 

.i=0  J 

11  s  -s 

Lj=k+1  ®k  J 

Co 

The  number  of  signal  samples  is  n=2(l+m), 

Cu  C  2m- 1 

0  <  — ■  <  1 ,  the  last  ratio  is  always  — = - . 

^  C  ,  2m+l 

m-1 


]_ 

3 

-13  3 

-1  -3  3 


'k-l 


n=6  or  m=2 
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q  ^  1  ^^3 

Cq  6’  5 

J  3  -5  30  30  -5  3 

I  -3  -5  -30  30  5  3 

n=8  or  m=3 

Cq  3’Ci  '.5>’  ’C2  7  Cq  35 


Figure  6  -  Coefficient  ratios  for  200  samples 


5.  PRACTICAL  FEATURES  OF  DHT 

5. 1.  Quadrature  noise  ratio  -pg 

For  any  finite  number  of  samples  used  to  evaluate  an 
analytic  sample  from  a  real  signal,  there  exists  a 
difference  between  the  exact  analytic  sample  and  the 
complex  sample  obtained  by  (20). 

Since  trigonometric  polynomials  constitute  a  complete 
set  and  the  modulus  of  the  above  difference  is 
proportional  to  the  sinewave  amplitude,  it  is  sensible  to 
characterise  the  discrete  Hilbert  Transform  by  a  signal 
to  noise  ratio,  or  quadrature  noise  ratio  pg,  given  by 
(21). 

test  signal  rr(t)=cos(2nft-i-cp) 

exact  quadrature  calculated  [q(t) = sin (2nfi; -tcp) 

analytic  sample  z(t)  =  A(0)r(t)  +  jB(0)q(t) 

Q  is  a  measure  of  the  DHT  approximation : 

Q  =S^ai  [(A(e)  -  G)2  +  (B(G)  -  G)2]=i[A(0)  -  B(0)f 


(21) 


Po(6)  = 


with  6  =  n 


A(e)  +  B(9) 
A(e)-B(e) 
f 


Pq  is  a  function  of  the  number  n  of  real  samples. 


Digital  exploration  of  (20)  and  (21)  shows  that  DHT 
with  n  a  multiple  of  4  always  performs  better.  For  this 


favorable  situation,  the  relation 


holds.  Figure 


6  gives  Pq  as  a  function  of  the  number  n  of  real 
samples,  and  as  a  function  of  bandwidth  normalised  by 
Fs 

—  half  the  real  sampling  rate  (Shaimon  frequency). 


Figure  7  -  Performance  complexity  chart 


5.2.  Dynamics  of  a  finite  analytical  digitizer 

Let  the  real  sample  r(t)  be  perturbed  by  an  additive 
noise  n(t)  such  that  <n(t)>=0  and  <n(t)n(t’)>=c!^5tt’. 

This  noise  may  be  generated  by  linearity  defects  of  the 
real  digitizer,  as  each  cartesian  component  of  an 
analytic  sampler  has  better  dynamics  than  the  actual 
real  digitizer. 


with  r(t)  =  r(t)  +  n(t) 


Let  r(t)  be  the  exact  value  of  r(t). 
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For  a  sinewave  whose  frequency  corresponds  to 
0  =  ,  with  a  mean  power  of  the  output  noise  is 

r  ™ 

2^a^  CT^  and  the  mean  useful  power  is 
k=0  J 


We  can  thus  express  the  output  signal  to  noise  ratio  p 

r2 

as  a  function  of  the  input  signal  to  noise  ratio  — . 


(22) 


P  = 


Vk=0  / 


k=0 


provided  the  n  real  samples  are  decorrelated,  as  we  can 
see  from  Figure  4. 

<  n,(t)  >=<  nq(t)  >  =  0,  <  (n,(t))'  >=<  (nq(t))'  >  = 


5.4.  Maximum  likelihood  principle  made  analytic 

According  to  the  maximum  likelihood  principle,  the 
most  probable  hypothesis  is  the  one  which  has  the 
greatest  probability  to  produce  what  has  been  observed. 
In  signal  processing  where  perturbation  can  be 
modelized  as  an  additive  noise  of  zero  mean  and 
specified  variance,  this  principle  can  be  interpreted  in 
the  following  non-parametric  manner :  choose  the 
hypothesis  which  gives  the  lowest  value  for  the 
calculated  energy  of  the  noise. 

As  an  example  of  this  procedure,  we  try  to  recognize  a 
symbol  (in  the  complex  plane)  belonging  to  a  finite 
alphabet  A  subject  to  rotation  and  scaling.  The  analytic 
samples  of  the  symbol  HeA  are  noted  ZH(t). 


For  m=3,  corresponding  to  eight  real  samples,  the 


improvement  factor  j  2 


Vk=0 


'^m=0  z 

is  4  or  6  dB,  which  means  that  x(t)  is  equivalent  to  a 
real  digitizer  with  one  more  bit  than  the  first  real 
digitizer. 


1  +  - 


1  +  - 


Ig  -  2- 


1 


V 


1  +  ^ 


2yJy 


1  + 


^1 


V^O.2 


1  + 


rr 

^2 


1  + 


V 


'2-2 


The  actual  analytic  samples  z(t)  are  of  the  form  below, 
where  G  is  an  unknown  complex  factor  and  n(t)  the 
complex  additive  noise. 

z(t)  =  Gz jj  (t)  -t  n(t)  with  Y,  Zr  (t)zH  0)  =  1 

t 


For  the  hypothesis  H,  the  most  probable  value  of  G  is 
the  one  which  minimizes  ^n(t)n*(t),  which  we 

t 

define  as  Gh. 


(23) 

Qh  =“g  I[z(t)-Gzjj(t)][z*(t)-G*z;j(t)] 

Z(t)Zg  (t) 

Gh  ^ — 

t 


=>Qh  =Zz(t)ZH(t) 

t 


^Zz(t)zHj^Zz  (t)ZH(t)J 


5.3.  Statistical  properties  of  the  noise  in  quadrature 

The  Analytic  Samples  developed  here  (cf  (13)  and  (20)) 
are  linear,  meaning  that  we  can  study  its  behaviour 
separately  in  the  case  of  deterministic  signals  and  of 
additive  noise  nr(t). 

The  structure  of  the  solution  given  in  (13)  is  sufficient 
to  prove  that  the  noise  in  quadrature  nq(t)  is 
decorrelated  from  n^t)  and  has  the  same  variance. 


The  expression  of  Qh  shows  that  the  most  probable 
gain  G  corresponds  to  the  greatest  Gh  for  H  fixed  and 
the  most  probable  hypothesis  H  corresponds  to  the 
greatest  Gh  or  estimated  carrier. 

The  application  of  (23)  to  the  identification  of 
sinewaves  of  frequencies  ft,  f2,  etc  leads  us  to  calculate 

the  module  of  Gj  =  -^Zz(t)exp-2njfjt  which  is  an 

^  t 
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element  of  a  Discrete  Fourier  Transform  but  without 
any  windowing. 

5.5.  Band  pass  filtering 

For  sampled  analytic  signals,  the  time  samples  of  a 
band-pass  centered  at  F  can  be  obtained  by  multiplying 
the  samples  of  a  real  low-pass  exp-2nkAt  as  we  now 
prove. 

Let  r(t)=cos[2nft+cp]  and  ak  be  the  real  coefficients  of  a 
low  pass  filter.  The  filtered  r(t)  is  defined  as  r(t) . 

N 

T 

r (t)  =  ^  aj^  cos[2nf (t  -i-  kAt)  +  <p] 


Z(t)=z(t)exp2njFt 

Filtering  this  last  signal  by  a  filter  whose  coefficients 
are  Ak=ak  exp-2njFkAt  verifies  the  identity  below. 

N 

_  T 

(24)  Z(t)  =  £  Aj^Z(t  +  kAt)  =  z(t)  exp2njFt 


Equation  (24)  is  valid  for  any  analytic  signal  Z(t) 
because  frequency  translation  and  bandpass  filtering 
are  linear  transformations. 


Its  signal  in  quadrature  q(t)  is  given  by  the  following 
expression. 

N 

q(t)  =  £  aj^  sin[2rTf (t  -i-  kAt)  -f  cp] 

k=-^i 

2 

N 

2 

z(t)=  £  aj.expj[2nf(t-i-kAt)  +  (p] 

k=-^ 

2 

z(t)  =  exp  j(2nft  -t-  9) 

Z(t)  is  defined  as  the  translation  of  z(t)  to  the  band 
centered  at  F. 


6.  CONCLUSION 


Our  motivation  to  investigate  and  use  sampled 
analytical  arithmetics  began  in  1986  in  order  to  develop 
an  all  digital  receiver  for  SARSAT  system.  The 

E, 

difficulties  at  that  time  were  the  very  low  nominal  — 

Nq 

and  the  Doppler  range  which  required  a  great  variety  of 


band-pass  filters  [6]. 


Applications  to  other  domains,  such  as  spread 
spectrum,  localization  and  antenna  arrays  necessitated 
to  master  the  analytical  sampling  theory  which  has 
been  accomplished  at  least  for  practical  purposes.  The 
next  important  theoretical  step  will  be  the  direct 
synthesis  of  discrete  real  low-pass  filters. 
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DISCUSSION 


Discussor’s  name: 


C.  Goutelard 


Comment/Question: 

Votre  precede  est  bien  large  bande? 
(Translation: 

Is  this  really  a  wide  band  procedure) 


Author/Presenter’s  reply: 

Le  precede  est  bien  a  large  bande  puisqu’assymptotiquement  la  bande  uti  Usable  tend  vers  la 
moitie  de  la  frequence  d’echantillonnage  Fe.  Pour  un  nombre  d’echantillons  egal  a  4  on  a  23dB 
pour  Fe  et  plus  to  30  dB  pour  Fe,  la  bande  de  Shannon  etant  de  Fe. 

8  4  2 

Le  precede  est  utilisable  a  des  Fi  elevees  car  le  bruit  de  quadrature  n’est  fonction  que  du  rapport 

Fe _ , 

bande  filtree 

(Translation: 

The  procedure  is  in  fact  wide  band,  since  asymptotically  the  usable  band  tends  towards  half  of  the 
sampling  frequency  Fe.  For  a  number  of  samples  equal  to  4  one  has  23dB  for  Fe  and  more  than 
30  dB  for  FOj  if  the  Shannon  band  is  Fe.  8 

4  2 

The  procedure  can  be  used  at  high  Fi  as  quadrature  noise  is  only  a  function  of  the  relationship 
Fe _ . 
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1.  INTRODUCTION 

The  Research  Institute  for  Human  Engineering  (FAT) 
has  been  working  in  the  field  of  land  telerobot  systems 
for  the  last  six  years.  The  main  goal  of  current  research 
work  is  the  optimization  of  remote  control  and 
supervision  of  semiautomatic  vehicles  from  a  single 
control  station  for  various  missions  [1],  The  research 
work  done  on  a  particular  aspect  of  robot  deployment  in 
a  driving  task  will  be  deseribed  in  this  paper.  Robots  are 
likely  to  be  positioned  at  particular  locations  or  to  be 
moving  in  a  terrain  overlooking  areas  of  military 
interest,  such  as  likely  enemy  positions,  contested  areas, 
or  supply  lines  (Figure  1).  During  the  moving  operation 
the  robot  is  autonomous  and  ready  to  detect  obstacles  in 
a  selected  part  of  the  landscape  in  front  of  it.  After  the 
robot  is  programmed  with  its  mission  there  is  no  need 
for  further  radio  communication  until  an  obstacle  is 
sensed  which  it  cannot  interpret  because  the  automatic 
recognition  system  cannot  recognize  all  threatening 
object  situations  for  the  driving  task.  "Upon  request", 
the  vehicle  requires  help  and  support  from  humans.  In 
this  case  the  human  acts  as  a  remote  controller  and 
supervisor.  In  a  remote  control  station  he  receives  still 
pictures  or  picture  sequences  obtained  from  the  vehicle 
over  a  communication  channel. 


Land  telerobot  vehicles  mostly  operate  out  of  sight,  that 
is,  at  distances  beyond  normal  visual  range,  usually 
greater  than  a  kilometer  from  the  control  station  and 
frequently  with  various  obstacles  inbetween.  For  that 
reason  and  also  to  prevent  enemy  interception  of 


friendly  communications  for  military  purposes, 
communications  between  the  robot  and  the  control 
station  are  on  a  short  wave  band.  Because  the  available 
communications  bandwidth  is  always  limited  on  short 
wave  radio,  wide  band  transmission  of  standard  TV 
signals  is  impossible.  Instead,  it  is  necessary  to  strongly 
compress  the  picture  contents.  Such  a  strongly  reduced 
band  width  causes  a  loss  in  picture  quality  on  the 
receiving  end. 

The  goal  is  to  minimize  data  exchanges  and  communi¬ 
cation  loads  between  the  control  station  and  the  tele¬ 
robot  subsystems. 

The  aim  of  the  ergonomic  experiment  is  to  answer  the 
following  question:  How  narrow  can  the  communication 
band  be,  with  a  picture  refresh  rate  of  16-18  images/s,  in 
order  for  the  remote  controller  to  extract  the  detail  infor¬ 
mation  necessary  to  drive  the  remotely  controlled 
vehicle? 

Similar  studies  have  been  done  by  Ludgat  [2]. 

2.  TEST  FACILITY/TRIAL  ROUTES 

The  test  facility  consists  of  a  robot  vehicle  in  a  test  envi¬ 
ronment  and  an  operator  in  a  control  station.  To  verifi- 
cate  the  interactions  and  effectiveness  of  the  equipment, 
for  the  first  tests  an  indoor  experiment  was  chosen.  It  is 
based  on  a  vehicle  that  operates  in  a  factory  hall.  The 
factory  hall  measures  approximately  18  x  14  m.  It  is 
equipped  with  cylindric  obstacles  of  about  0.50  m  diam- 


Figure  2:  Test  vehicle  in  experimental  set-up. 
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eter  and  1.50  m  height.  The  walls  and  the  cylindric 
obstacles  are  covered  with  camouflage  nets  to  simulate 
bushes  and  trees  (Figure  2).  Also  included  are  facilities 
for  data  transmission  to  and  from  the  experimental 
vehicle  and  a  TV  link.  The  hall  is  equipped  with  a 
number  of  safety  systems  to  insure  safe  operation  of  the 
vehicle.  The  vehicle  itself  is  a  four  wheel  platform  of 
less  than  2  m  in  length.  It  is  1.30  m  wide  and  about  1.60 
m  high. 


Figure  3;  Camera  front  view. 


The  vehicle  has  two  electric  motors  that  power  the  two 
back  wheels.  It  has  a  pair  of  front  wheels  which  are 
steerable.  The  maximum  speed  is  about  2.3  m/s.  The 
vehicle  is  equipped  with  a  camera  which  surveys  the 
terrain  directly  in  front  of  the  vehicle  (Figure  3).  The 
possible  driving  route  in  the  hall  is  essentially  circular 
and  describes  an  endless  eight.  The  vehicle  is  driven 
with  a  joystick  from  a  remote  teleoperated  driving 
console  on  which  the  camera  image  from  the  vehicle  is 
displayed  [3]. 

3.  COMPRESSION  FACILITY 

The  compression  hardware  used  in  the  experimental  set¬ 
up  is  based  on  the  JPEG-Standard  [4],  JPEG  is  a  picture 
compression  standard  (ISO/IEC  CD  10918-1),  develop! 


by  the  ISO/CCITT-Group  (Joint  Photographic  Experts 
Group  -  JPEG),  It  defines  a  standard  for  the  compres¬ 
sion  of  grey  and  colour  pictures. 

The  JPEG-Method  is  not  only  used  for  still-picture 
compression  but  also  for  Video  or  .  motion-picture- 
compression.  The  method  is  a  lossy  compression,  which 
means  information  loss  is  accepted  to  achieve  higher 
compression  rates  [5], 

If  the  difference  between  the  original  and  the  com¬ 
pressed  picture  should  be  as  less  as  possible  for  a  human 
beholder,  the  compression  method  should  use  a  tech¬ 
nique  that  reduces  the  picture  only  in  a  manner  that  is 
suitable  for  human  recognition  [6], 

For  example  brightness  changes,  areas  in  the  picture 
with  high  frequency  are  less  critical  for  human  recogni¬ 
tion  as  areas  with  low  frequencies.  The  picture  may  look 
a  little  unsharp  with  reduced  or  without  high  frequency, 
but  it  still  remains  perceptible. 

The  JPEG-Method  uses  a  transformation  that  allows  the 
directed  removal  or  reduction  of  "unimportant"  informa¬ 
tion.  The  DCT  (Discrete  Cosinus  Transformation),  a 
special  form  of  the  Fourier-Transformation  (DFT/FFT) 
supports  this  requirements  [7], 

The  JPEG  standard  allows  different  methods  for  com¬ 
pression  that  can  be  divided  into  three  groups: 

-  base  process  (Baseline  Sequential 
Process,  DCT) 

-  extended  DCT-Based  Processes 

-  lossless  Processes 

All  JPEG-Variants  must  support  the  Base-Process,  the 
other  processes  can  be  used  application  dependent.  The 
paper  will  only  focus  one  the  DCT- Processes. 

The  whole  compression  can  be  divided  into  three  steps: 

-  removal  of  the  DCT  redundancies 

-  quantisation  of  the  DCT-Coefficients 
with  a  special  weighting-function,  taking 
into  account  human  recognition  aspects 

-  encoding  with  a  Huffmann  based  algorithm 


Figure  4:  Scheme  of  the  C-Cube  CL  560  (M-JPEG)  compression  chip. 
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Logically  the  whole  picture  in  one  should  be  trans¬ 
formed  before  the  information  reduction,  but,  to  keep 
the  computing  costs  low,  usually  the  picture  is  divided 
into  blocks  of  8x8  pixels.  These  blocks  will  be  trans¬ 
formed  and  compressed  seperatly  and  independent  from 
each  other. 

The  result  from  the  DCT,  is  a  8x8  floating  point  matrix 
that  represents  a  measure  for  the  details  present  in  this 
picture  section.  The  coefficient  in  the  upper  left  corner 
of  the  matrix  is  called  the  DC-Coefficient,  because  it 
represents  the  average  brightness  of  the  entire  block.  It 
is  the  most  important  information  and  is  stored  without 
reduction.  As  more  as  the  other  coefficients  fade  away 
from  the  DC-Coefficient,  the  picture  structure  gets  more 
precise. 

Until  this  point  the  method  works  with  out  major  loss 
and  compression.  The  compression  and  the  loss  of  infor¬ 
mation  is  introduced  through  the  next  step,  the  quantisa¬ 
tion. 

The  8x8  matrix  is  converted  into  to  a  vector.  In  this  vec¬ 
tor  only  the  first  few  coefficients  are  unequal  zero,  most 
of  the  rest  are  near  or  equal  zero.  To  decide  which  of  the 
coefficients  are  important  and  which  are  not,  they  are  di¬ 
vided  by  a  constant.  Each  of  the  coefficients  in  the  8x8 
matrix  has  a  individual  constant.  To  control  the  quality 
loss  the  first  constants  are  small  and  getting  larger  to  the 
end.  As  a  fact  larger  areas  with  the  same  brightness 
(and/or  colour)  can  be  compressed  higher  than  areas 
which  high  frequency  (a  lot  of  details  in  different  colour 
and  brightness). 

After  this  quantisation  the  whole  picture  information  is 
encoded  with  a  Huffmann  coder. 

To  restore  the  compressed  picture  (decompress)  first  a 
Huffmann  decoding  is  done.  Second  the  coefficients  are 
multiplicated  with  there  constants  and  a  inverse  DCT  is 
done. 

On  colour  pictures,  JPEG  treats  colour  as  a  separate 
component,  so  different  colour  picture  formats  can  be 
used  (i.e.  RGB,  YCbCr  and  CMYK).  The  best  results 
can  be  achieved  with  independent  colour  components 
like  YCbCr  where  the  brightness-  and  color-information 
are  separate  components.  The  Chip  used  in  our  hardware 
(a  Hardware  implementation  of  the  Base-Process)  re¬ 
quires  the  colour  signals  in  the  4:2:2  (also  called  Dl) 
format  of  YCbCr.  RGB -components  (like  used  in  the 
experiment)  can  be  transformed  into  YCbCr  with  linear 
transformation. 

Because  the  JPEG-Algorithm  divides  the  picture  in  8x8 
pixel  blocks  and  each  of  these  blocks  is  compressed  in¬ 
dependent  of  the  others,  errors  occur  at  the  borders  to 
the  next  blocks  [8].  These  errors  result  in  edges  between 
the  blocks  after  the  decompression  and  can  be  seen  very 
well  if  there  is  a  high  contrast  and  edges  in  the  picture. 

With  the  JPEG-Method  compression  rates  between  2:1 
and  100:1  can  be  achieved.  A  special  extension  to  JPEG, 
called  M-JPEG  (Motion-JPEG),  allows  compressing 
video  signals  on-the-fly  with  1  to  25  pictures/s.  This 
extension  is  based  on  the  powerful  C-Cube  CL560 
compression  chip  (Eigure  4).  A  user-selectable  quality 
index  offers  the  user  highest  flexibility  to  adapt  the 
picture  quality  to  the  application  as  well  as  to  his 
working  environment. 


Figure  5a:  Picture  quality  15% 


Figure  5b:  Picture  quality  11% 


Figure  5c:  Picture  quality  9% 


Figure  5d:  Picture  quality  5% 


Figure  5e:  Picture  quality  3% 
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Due  to  the  hardware  restrictions  we  had  a  delay  of  two 
frames  measured  from  the  time  the  camera  picture  is 
received  until  the  quality  reduced  picture  is  presented  on 
the  monitor  screen  watched  by  the  controller.  The  delay 
is  caused  primary  by  the  SCSI-Bus. 

4.  TRIALS  SPECIFICATIONS 

Drivers  were  instructed  to  drive  the  route  with  best 
accuracy  while  keeping  nominally  to  the  center  of  the 
track.  The  speed  for  each  run  was  at  a  fixed  value  and 
could  not  be  changed  by  the  driver  during  the  driving 
task. 

The  test  person  could  activate  the  brakes  by  pressing  a 
button  if  necessary.  The  driving  speeds  were  75  cm/s 
and  100  cm/s.  The  test  persons  drove  first  at  a  picture 
quality  level  of  100%  to  get  used  to  the  vehicle 
dynamics  and  the  trial  course.  For  the  following  tours, 
the  picture  quality  was  subsequently  reduced  to  15%, 
11%,  9%,  5%,  and  3%  (Figure  5a-e). 

5.  RESULT  AND  CONCLUSION 

The  test  results  show  that  the  task  was  made  too  easy  for 
the  test  persons.  The  course  was  learned  in  a  very  short 
time.  The  results  show,  the  test  persons'  mistakes  do  not 
differ  significantly  at  reduced  picture  quality  levels 
(Figure  6)  [9].  The  relatively  good  driving  performance 


Figure  6:  Deviation  from  command  course  depending 
on  driving  speed  and  picture  quality 


can  be  attributed  mainly  to  the  clearly  visible  contrast 
between  ground  and  camouflage  netting.  Hanging  the 
nets  higher,  which  leads  to  a  reduced  contrast  level, 
wasn't  considered  an  added  difficulty  by  the  test  persons 
(Figure  7) 

In  summary  it  can  be  stated: 

The  M-JPEG-System  can  be  of  advantageous  use  for 
additional  driving  or  observation  tests.  Further  tests  will 
have  to  take  place  in  open  terrain. 
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DISCUSSION 

Discusser’s  name:  F,  Davarian 


Comment/Question: 

1 .  How  do  you  define  picture  quality?  What  does  1 0%  quality  mean? 

2.  Comment:  You  can  use  a  modem  with  higher  through-put  for  signal  transmission.  Therefore 
rather  than  cutting  picture  quality  one  can  use  a  more  sophisticated  modem.  For  example,  use 
8-PSK  rather  than  BPSK. 


Author/Presenter’s  reply: 

1.  The  picture  quality  index  10%  i.e.  means  the  compression  mode  of  the  JPEG  system.  The 
compression  factor  is  possible  from  2:1  until  1 00: 1 ,  so  1 00: 1 0  means  1 0%  picture  quality.  The 
quality  index  represents  the  pixel  with  its  actual  gray  step  and  a  certain  cut  of  higher  frequencies 
of  picture  details  in  the  frequency  domain.  In  the  standard  version  we  have  used,  the  basic 
subparts  of  the  picture  were  determined  by  the  standard  compression  algorithm.  It  is  possible  to 
change  the  weight  of  each  matrix  element.  In  that  case  you  will  get  a  different  picture  index. 

2.  Thank  you  for  your  comment. 
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1  SUMMARY 

The  paper  deals  with  the  analysis  of  digital  transmis¬ 
sion  systems  which  are  corrupted  by  thermal  noise, 
linear  channel  dispersion  and  nonlinear  distortions 
which  are  caused  by  the  transmit  amplifier.  The  cen¬ 
tral  part  of  this  analysis  is  a  recursion  model  for  the 
calculation  of  the  probability  density  function  (pdf) 
of  Intersymbol  Interference  (LSI).  The  nonlinearity 
introduces  statistical  interdependencies  between  the 
interfering  symbols  and  these  dependencies  are  im¬ 
plicitly  taken  into  account  in  a  trellis-structured  re¬ 
cursion  rule.  The  procedure  was  applied  to  4-level 
modulation  schemes  sucli  as  4-QAM,  ofl’set  4-QAiVl 
and  linearized  OMSK.  The  results  were  verified  by 
time  consuming  Monte-Carlo  simulation  and  show, 
e.g.,  that  the  nonlinear  characteristic  of  a  high  power 
amplifier  (IIPA)  reduces  in  some  cases  the  error  |.iro- 
bability  caused  by  the  lineai’  dispersion.  Surprisingly, 
the  ISI  due  to  the  nonlinear  amplifier  is  increased  in 
the  case  of  offset  modulation. 

2  INTRODUCTION 

The  performance  of  digital  radio  transmission  .sy,s- 
tems  is  corrupted  by  thermal  noise,  linear  channel  di.s- 
persion,  which  detoriates  the  spectral  shaping  of  the 
signal,  and  by  the  nonlinear  characteristics  of  IIPA’s. 
For  systems  with  threshold  decision  the  symbol  (UTor 
probability  can  be  evaluated  if  the  probability  density 
function  (pdf)  of  the  signal  at  tlie  decision  element  is 
known.  This  procedure  offers  the  possilfility  of  eva¬ 
luating  fairly  small  error  probabilities  with  a  signifi¬ 
cant  reduction  of  computation  time.  In  addition  our 
method  yields  some  insight  into  the  statist, ical  pro¬ 
perties  of  the  received  signal  and  it  is  conceptually 
easy  to  understand. 

The  nonlinearity  has  two  effects  on  the  transmi.ssion 
system;  the  first  is  the  spectral  widening  of  the  signal 
which  leads  to  adjacent  channel  interference  (ACI). 
The  second  effect  is  the  distortion  of  the  signal  in  tiie 
nominal  frequency  band  wliicli  causes  LSI.  'This  |)aper 
deals  with  the  second  phenomenon. 

In  the  following  we  are  concerned  witli  QAM,  offset- 
QAM  and  eventually  (.IMSK.  in  section  2  the  base¬ 
band  equivalent  .system  model  is  presented.  Foi-  a 
realistic  description  the  influence  of  the  transmi.ssion 
channel  and  of  the  nonlinearity  on  timing-  and  carrier 
synchronization  has  to  be  taken  into  account.  There 
are  different  solutions  for  the  sampling  instant  and 
the  recovered  carrier  phase  if  offset  or  non-o(fsct  mo¬ 
dulations  are  used.  In  section  4  we  present  a  trellis- 


structured  recursion  rule  for  determining  the  pdf  of 
LSI  which  is  generated  by  a  frequency  selective  chan¬ 
nel  and  a  memoryless  nonlinearity.  The  recursive  cal¬ 
culation  is  an  e.xtension  of  a  previous  work  on  the  pdf 
of  ISI  for  linear  channels  [1]  and,  in  order  to  make 
possible  a  compact  presentation  in  section  4,  a  short 
review  of  the  linear  case  is  included  in  section  3.  The 
results  are  verified  by  time  consuming  Monte-Carlo 
simulaLions  in  section  5.  The  results  show,  e.g.,  that 
system  performance  can  be  improved  by  the  nonli¬ 
nearity  of  a  travelling  wave  tube  amplifier  (TWTA) 
during  a  two-path  fading  event. 

For  reduction  of  nonlinear  distortions  offset  modula¬ 
tion  schemes  are  sometimes  favored.  But  our  results 
in  section  5  show  that  there  is  no  improvement  -even 
an  impairment-  for  the  offset  modulation  case  due  to 
enlianccd  ISI. 

GMSK  is  a  nonlinear  continuous  phase  modulation 
(CPiVl)  scheme,  which  in  principle  does  not  suf¬ 
fer  from  nonlinear  memoryless  amplitude  distortions. 
But  in  practice  the  continuous  phase  property  of  the 
GMSK  signal  is  disturbed  by  an  anti-aliasing  filter  or 
by  the  linearized  implementation  of  GMSK.  There¬ 
fore,  we  include  results  for  GMSK  revealing  that  a 
nonlinearity  can  diminish  the  linear  channel  distor¬ 
tions  also  for  this  modulation  method. 


3  SYSTEM  MODEL 

y(t)  z(t)  tg-fnT 


Figure  1:  baseband  equivalent  system  model 

f'ig.  1  shows  the  baseband  equivalent  model  for  the 
system  which  is  to  be  analyzed.  A  series  of  com- 
plc.x  symbols  [Ij]  enters  the  system.  The  examples 
in  the  following  hold  for  independent  symbols  of  a 
QAM  scheme,  but  the  extension  to  a  redundant  sym¬ 
bol  set  is  no  ])roblem,  because  statistical  dependen¬ 
cies  between  the  symbols  can  be  dealt  with  in  the 
trcllis-structure  of  the  recursion  rule  in  section  5.  The 
traiusmit  filter  w{t)  equals  the  receive  filter  w(t),  both 
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are  assumed  to  have  a  square-root  cosine  roll-otf  char¬ 
acteristic,  which  yields  ISI-free  matched  filter  recej)- 
tion  in  the  absence  of  a  nonlinearity  and  of  channel 
dispersion.  The  nonlinear  distortion  of  a  IIPA  is  de¬ 
scribed  at  baseband  by  a  memoryless  nonlinearity  / 
because  of  the  bandlimited  nature  of  the  transmis¬ 
sion  [2].  This  means  that  tire  function  /  defines  the 
envelope  of  the  distorted  rf-fundamental.  Tlie  trans¬ 
mission  channel  is  described  in  the  following  by  a  two- 
path  propagation  and  the  channel  together  witli  the 
receive  filter  iu[t)  constitiites  the  filter  h{i)  in  Fig.  1. 
The  phase  of  the  received  complex  signal  is  norma¬ 
lized  to  the  recovered  carrier  phase  0.  Tlie  signal  is 
sampled  at  the  timing  instants  T-  +  nT  resulting  in 
a  time  discrete  sequence  {cn}.  We  will  be  interested 
in  the  pdf  of  the  sample  zq,  but  first  the  values  of 
0  and  tg  have  to  be  determined.  The  recursion  rule 
of  section  5  does  not  depend  on  the  particular  syn¬ 
chronization  algorithm,  although  we  have  to  model 
the  synchronization  in  order  to  get  realistic  results 
when  the  method  is  applied  to  the  calculation  of  bit 
error  probabilities  caused  by  nonlinear  distortion,  lin¬ 
ear  channel  dispersion  and  thermal  noise. 

3.1  Carrier  and  Timing  Synchronization 

Frequency  selective  transmission  channels  cause  a 
shift  of  the  optimal  sampling  instant  ig  as  well  as 
an  offset  of  the  recovered  carrier  phase  0.  These  two 
parameters  can  be  determined  by  the  methods  do 
scribed  in  [3]. 

3.1.1  Non-Offsei  Sysienis 

In  [3]  analytic  expressions  for  0  and  F,  were  obtainei,! 
dependent  on  the  overall  sysi.em  impulse  re,s|)onse. 
These  analytic  expressions  were  evaluat.ed  for  non- 
offset  systems  from 

;^argT{<  |r(!;)i"  >  -o.i  <  \z{t)\-^  >}./  =  i/r- 

ZTT 

(1) 

(?  =  arg<  z(T0/o  >  ■  (2) 

<  X  >  denotes  the  expectation  of  a  random  variable 
X  with  respect  to  the  inimt  symbols  {/j},  is 

the  Fourier  transform  of  .t(0  and  arg  :r-  is  the  phase 
of  a  complex  number  x.  The  received  signal  envelope 
|2:(f)|  is  transformed  in  eq.  1  by  a  nonlineai’  charac¬ 
teristic  witli  Taylor  coefficients  k2  and  A;.i  =  — 0.1A''2 
and  this  transformation  results  in  a  spectral  line  at 
/  =  1/T  [3].  Eq.  (2)  refers  to  the  remodulation 
scheme  for  carrier  recovery.  With  the  nonlinearity 
/  being  present  in  Fig.  1  there  is  no  overall  im¬ 
pulse  response  and  eq.  (1)  and  (2)  cannot  be  eval¬ 
uated  analytically.  Therefore,  we  start  first  a  short 
Monte-Carlo  simulation  run  with  a  length  of  about 
1000  symbols  in  order  to  determine  and  0  IVom  e(|. 
(1)  and  (2).  .Subsequently,  w(;  can  re])lace  n:{t)  l;)y 
w{t  +tg)e~^^  and  arrive  at  a  system  model  without, 
synchronisation  loop.  The  latter  replaceiueiit  holds 
because  for  HPA’s  (e.g.  a  TWTA)  the  phase  sliift  of 
the  output  signal  y  does  not  depend  on  the  phase  of 
the  input  signal  s  in  Fig.  1,  but  rather  on  its  absolute 
value  : 

(3) 


ts  =  - 
and 


3.1.2  Offset  A'lodulation 

For  offset  modulated  systems  the  quadrature  channel 
is  delayed  by  half  a  symbol  period  T/2  relative  to 
the  inphase  channel.  In  this  case  the  time  function 
<  |2(t)P  >  —0.1  <  l2(t)|'’  >  in  eq.  (1)  has  no  spectral 
line  at  /  =  1/T.  The  timing  recovery  has  therefore 
to  be  performed  at  bciseband  (see  [3]).  With 

=  (4) 

we  obtain 
T 

U  =  -7^  argT{<  zIb{^)  >  -O-i  <  4i?(0  >}/=i/T- 

ZTT 

(5) 

and 

0  =  arg  <  2(T)9^{/o}  -  iz{tg  -  T/2)T{/o}  >  .  (6) 

Note  that  C  depends  on  0  due  to  eq.  (4)  and  9 
in  eq.  (6)  depends  on  C.  For  simultaneous  solu¬ 
tion  of  eq.  (5)  and  (6),  we  calculate  first  with  one 
relatively  short  Monte-Carlo  simulation  of  1000-2000 
symbols  a  set.  of  solutions  0[tg),  —T/2  <  T  <  T/2 
from  eq.  (6).  Furthermoi’e,  vve  split  up  z(t)  = 
~r  +  jT;  into  real  and  imaginary  part,  introduce 
~BU  =  cos  d  —  Zi  sin  d  from  eq.  (4)  into  eq.  (5) 
and  obtain  an  expression  for  T  dependent  on  9.  The 
terms  <  T{z,’.”(02/(0}/  =  i/t  >  for  m -f  n  =  2  and 
m  +  n  —  4  in  this  expression  are  estimated  in  the  same 
simulation  run  and  we  obtain  tg{9).  Having  thus  two 
sets  of  solutions  9{tg  )  and  ts{9)  the  actual  values  of  9 
and  Ig  are  determined  iteratively  via  0C)  =  (j{tg  =  0); 
<4  =  tg(90))\  fhC  —  and  so  on.  This  iteration 

converges  rapidly. 

'I’lio  (3MSK  signal  can  be  approximated  by  a  linear 
offset  modulated  signal  (see  section  5).  The  carrier- 
and  timing  synchronization  can  thus  be  obtained  ac¬ 
cording  to  eq.s  (4)-(6)  with  the  appropriate  impulse 
I'csponse  for  the  linear  approximation. 

4  PDF  OF  ISI  DUE  TO  LINEAR  DISPER¬ 
SION 


w(t)^i=h(t)  =  p(t) 


Figure  2:  Simplified  baseband  equivalent  model  for 
linear  channels 

If  the  actual  values  of  T  and  9  are  incorporated  into 
tlie  transmit  filter  impulse  response  w{t)  we  end  up 
with  the  simplified  baseband  equivalent  system  model 
of  Fig.  2.  In  order  to  enable  an  easier  understanding 
of  the  procedure  in  the  next  section  5,  a  short  review 
of  the  calculation  of  the  pdf  of  ISI  is  presented  for 
lineal-  transmission  cliannels  according  to  [1].  This 
means  the  nonlinearity  is  now  deleted  in  Fig.  2  and 
we  can  describe  the  system  by  the  overall  impulse 
res].)onse  p[t)  =  -w{t)  *  h{i).  The  received  signal  at 
time  0  is  then  obtained  by 

K 

~o  —  hP-j )  (”^) 

j=-/s 
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iipj  denotes  p{jT)  and  if  the  overall  impulse  response 
p{t)  has  finite  memory  2KT.  Eq.  (7)  consists  of  a 
sum  of  independent  random  variables  and  the  pdf  of 
such  a  sum  is  calculated  by  the  convolution  of  the 
pdf’s  of  the  single  terms  : 

9zo{x)  =  *  ...  *  (ii^.p_„{x).  (8) 

In  eq.  (8)  Pzi^)  denotes  the  pdf  of  a  random  vari¬ 
able  2  and  the  convolution  of  the  '2K  +  1  densities 
can  be  performed  recursively.  The  procedure  is  dis¬ 
played  in  Fig.  3  for  binary  transmission  and  for  real 
values  of  the  impulse  response  {pj}.  VVe  start  with 
a  (5-distribution,  which  is  numerically  represented  by 
the  thin  uniform  density  in  Fig.  3a.  In  the  first  step 
we  take  account  of  the  term  /_/cPa',  which  has  the 
value  +Pk  or  —pK,  if  I-i<  —  ±1-  Its  density  thus 
equals  \/2[S{x  —  pk)  5{x  pk)],  which  means  that 


Figure  3:  Recursive  calculation  of  the  [)df  foi-  linear 
channels 


the  original  pdf  is  shifted  by  an  amount  pK  either 
to  the  right  or  to  the  left  and  the  shifted  densities 
are  superimposed  (Fig.  3b).  In  the  ne.xt  step  we 
take  account  of  the  term  I-k  +  iPk-i  and  shift  the 
second  pdf  by  ±px-i-  la  the  example  Fig.  3c  pj{ 
equals  px-i  and  the  shifted  densities  overlap  at  the 
centre.  After  a  number  of  steps  we  usually  obtain 
some  density,  which  is  continuous  with  respect  to  the 
numerical  resolution.  For  infnite  sums  in  ec|.(7)  the 
story  becomes  more  complicated.  The  diffei'cnt  types 
of  distribution  functions  for  this  case  can  be  found  in 
[4].  There  are  rare  cases,  where  the  pdf  of  LSI  can  be 
calculated  analytically,  and  these  analytic  solutions 
are  also  continuous  functions  (see  [5],  [1]).  The  con¬ 
tinuous  density  of  Fig.  3d  is  shifted  in  Fig.  3e  by 
±Pj  yielding  the  dashed  curve  as  result  of  the  super¬ 
position.  In  this  way  we  have  to  perform  a  simple 
transformation 

+pj)  +  -  p_,)]  (9) 

for  each  interfering  symbol,  which  implies  that  the 
computation  effort  increases  only  linearly  with  the 
number  of  interfering  symbols.  Complex  values  of  the 
impulse  response  {pj}  and  multilevel  QAM-schenies 
can  be  easily  included  by  taking  the  real  part  of  eep 
(7)  for  the  in-phase  channel  and  shifting  the  densi¬ 
ties  in  eq.  9  by  all  amounts  of  the  possible  levels 


5  INCLUSION  OF  A  MEMORYLESS  NON¬ 
LINEARITY 


s(t)  =  ,Zljw(t-jT) 
j 


{Zn} 


Figured:  Simplified  baseband  equivalent  model  in¬ 
cluding  the  nonlinearity 


Now  the  nonlinearity  is  included  into  the  system 
model  Fig.  4.  The  signal  s  at  the  output  of  the 
transmit  filter  is  a  linear  combination  of  transmitted 
symbols.  The  signal  y  at  the  output  of  the  nonlin¬ 
earity  is  some  nonlinear  function  of  s  and  the  sample 
zo  of  the  received  signal  is  obtained  by  convolution  of 
the  filter  h  with  the  signal  y  at  its  input: 


^0 


y{l)h{—t)dt. 


(10) 


VVe  assume  finite  memory  of  the  transmitter  and  re¬ 
ceiver  filters.  Thus,  the  integral  in  eq.  (10)  extends 
only  over  the  length  2VT  of  the  channel/receiver  fil¬ 
ter  impulse  response  h{t).  We  split  up  the  integral 
into  different  time  sections  with  the  length  of  a  sym¬ 
bol  duration  and  obtain  in  this  way  again  a  sum  of 
random  variables  (r.v.)  8z,n  : 


f{-V  +  i)T 

Zq  =  /  y[l)h[--t)dt  -I-  .  .  . 

J-VT 

l-VT 

•  ■  ■  -h  /  y{i)h[  —  L)dt 

—  6z-v[l-v-w+i,---l-v  +  w)  +  --- 

. . .  bzv ^\{Iv -w ,  ■  ■  ■  /i/-i-rv-i)(ll) 

Now  the  single  terms  6zm  are  statistically  depen¬ 
dent.  Each  signal  section  y(t),  mT  <  i  <  {m  + 
l)T,  depends  on  a  collection  of  source  symbols 
{Im-vv+i ,  ■  ■  ■  Im+w),  whose  number  is  determined  by 
the  memory  '2WT  of  the  transmit  filter  w{t),  and 
the  next  term  h’Cnj+i  depends  on  a  shifted  collec¬ 
tion  {lm+2-~w  ,  ■  ■  ■  Jm+v  +  w)  of  21Y  symbols.  (For 
time-symmetric  transmit  filters  with  a  memory  equal 
to  an  odd  number  of  symbol  durations  [2W  +  1)T, 
we  should  define  a  signal  section  for  the  interval 
[rii  —  i/2)r  <  t  <  [rn  +  1/2)T  dependent  on  2W  +  1 
symbols  {Im-w ,  ■  ■  ■Im+w)  )■ 

The  sequence  of  tuples  of  symbols  can  be  represented 
in  the  usual  trellis  diagram.  Instead  of  dealing  with 
the  joint  probability  densities  of  the  6zm,  which  is 
impossible  due  to  the  rapid  increase  of  dimensions, 
we  now'  work  with  densities  conditioned  on  the  trellis 
states.  Let  each  state  in  a  trellis  be  defined  by  a  tuple 
of  21'F  —  1  symbols.  The  transition  to  the  following 
state  then  defines  the  following  symbol.  State  and 
transition,  therefore,  determine  2W  source  symbols 
and,  thus,  a  section  of  the  transmit  signal  y{t)  in  eq. 
(11),  mT  <  t  <  (m-f-  l)r.  In  this  way  each  state  and 
transition  at  stage  rn  in  the  trellis  structure  deter¬ 
mines  the  value  of  a  term  (5z„,  in  eq.  (11).  The  statis¬ 
tical  dependencies  between  the  Szm  are  now  inherent 
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in  the  trellis  structure  with  the  possible  transitions. 
If  the  results  are  conditioned  on  a  state  in  stage  m 
then  the  symbol  collection  (Im-w+i,  ■  •  ■ ,  hn+w-i)  is 
fixed  and  the  r.v.’s  6zj  right  and  left  of  the  condition¬ 
ing  trellis  state  become  independent.  We  therefore 
define  a  set  of  density  functions,  one  for  each  trellis 
state.  In  mathematical  notation  let  define  the 

pdf  of  Y1T=-v  conditioned  on  the  tuple  of  source 
symbols  {Im-w  +  i,  ■  ■  ■  Im+w-i)  which  is  defined  by 
the  trellis  state  0  S:  J  <  —  1  for  a  M- 

level  signal  alphabet.  If  state  is  a  successor 

state  at  stage  -|-  1  of  the  states 
stage  m,  then  the  updated  density  at  state 

^('"+1)  gta.ge  m -h  1  is  obtained  by 

M-l 

^  (12) 

1  =  0 


Note  that  the  value  of  i3e,„  is  determined  via  eq.(ll) 
by  the  predecessor  state  and  the  successor  state 

Normalization  of  the  densities  can  be  per¬ 
formed  at  the  end  of  the  recursion. 

In  Fig.  5  we  want  to  illustrate  the  procedure  for 
a  very  simple  trellis  where  each  state  defines  a  pair 
of  binary  symbols.  The  triangular  and  the  uniform 


Figure  5:  Recursion  rule  for  updating  densities  in  a 
trellis  structure 

density  at  the  left  side  of  Fig. 5  are  the  conditional 
densities  of  the  partial  sum  of  6z's  at  the  bottom  of 
the  figure.  The  pdf’s  refer  to  the  corresponding  trel¬ 
lis  states.  Each  one  of  the  two  transitions  indicated 
by  a  continuous  line  defines  a  definite  value  of  the 
following  term  6z-2-  For  the  subsequent  state  we 
have,  therefore,  to  shift  either  the  triangular  density 
by  1  or  we  have  to  shift  the  uniform  density  by 
Superposition  then  yields  the  updated  density 
at  the  subsequent  state.  Tliis  recursion  deals  with  a 
collection  of  densities  which  are  updated  in  a  trellis 
structure  until  all  terms  6zj,  j  —  —V, ...  F  —  1,  have 
been  taken  into  account.  At  the  end  of  the  procedure 
the  pdf’s  of  all  states  are  summed  up  and  yield  the 
unconditioned  density  of  zq-  The  number  of  trellis 
states,  however,  depends  exponentially  on  the  num¬ 
ber  of  symbols  which  uniquely  determine  a  section 
of  the  transmitted  signal.  For  large  memory  of  the 
transmit  filter  we  get  therefore  an  enormous  number 


of  states  and  the  method  becomes  impractical.  This 
problem  is  attacked  in  the  next  subsection. 


5.1  Decomposition  of  the  Nonlinearity 


Figure  6:  a)  Amplitude  distortion  of  TWTA  and  de¬ 
composition  of  the  nonlinear  characteristic 
b)  equivalent  block  diagram 

We  make  a  partition  of  the  nonlinear  characteristic, 
which  is  similar  to  the  perturbation  method  in  elec¬ 
tromagnetic  field  theory.  In  Fig.  6  a)  the  fat  line 
shows  the  amplitude  distortion  of  a  Travelling  Wave 
Tube  Amplifier  (TWTA)  according  to  [2].  The  value 
of  the  input  back-off  (IBO)  defines  the  mean  point  of 
operation  M.  We  now  separate  the  function  /  into  a 
linear  part  given  by  the  slope  a  of  the  line  OM  and 
into  the  dashed  residual  nonlinearity  fr .  Thus  we  ob¬ 
tain  the  equivalent  block  diagram  of  Fig.  6  b),  which 
is  not  an  approximation. 


LK,..-I-V-N.--Iv-t-N . Ik 


P(t) 

-KT<t<KT 


Figure  7:  Modified  block  diagram  of  the  transmission 
system 

F’or  the  transmission  system  the  modified  block  dia¬ 
gram  of  Fig.  7  is  obtained.  The  lower  branch  takes 
account  of  the  linear  part  of  the  characteristic  and  can 
be  described  by  an  overall  impulse  response  p{t).  It 
yields  the  contribution  Za  to  the  r.v,  ^o-  The  upper 
branch  contains  the  residual  nonlinearity  fr,  which 
is  small  compared  to  the  total  signal.  For  this  small 
contribution  we  now  truncate  the  transmit  filter  wt{t) 
in  the  upper  branch: 


wtii)  = 


w{t) 

0 


\t\  <  NT 
otherwise 


(13) 


The  number  of  trellis  states  is  now  determined  by 
the  memory  of  the  truncated  filter  Wt  and  becomes 
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manageable.  The  nonlinear  upper  branch  produces 
the  part  Zj  of  zq.  The  terms  8zj  in  Fig.  7  are  sta¬ 
tistically  dependent  and  they  also  depend  on  the  in¬ 
ner  terms  IjP-j,  |i|  <  N  +  V  o{  Za-  On  the  top 
of  Fig.  7  we  have  the  total  secinence  which  deter¬ 
mines  zo-  The  outer  symbols  /j ,  |j|  >  V  +  N  pass 
only  the  lower  linear  branch,  because  the  filter  w  in 
the  lower  branch  is  not  truncated.  The  inner  sym¬ 
bols  Ij ,  |y|  <  V  +  N  pass  both  branches,  and  they 
define  a  path  through  tlie  trellis,  where  each  tran¬ 
sition  determines  one  of  the  terms  6zj  and  as  well 
a  corresponding  term  IjP-j  in  the  inner  part  of  Za- 
The  statistical  dependencies  between  the  5zj  and  the 
terms  IjP-j  have  to  be  taken  into  account  in  a  hybrid 
way  during  the  trellis-structured  recursion  procedure. 
The  density  at  the  starting  states  at  stiige  ~V  in  the 
trellis  is  given  by  the  pdf  of  >v'+yv  hp-k  which 
is  the  ISI  caused  by  the  outer  symbols  at  the  top  of 
Fig.  7.  For  these  symbols  the  ISI  consists  of  statis¬ 
tically  independent  terms  a7id  its  starting  pdf  gsix) 
can  be  calculated  as  in  section  3,  [1].  Each  of  the 

starting  states  '  *  at  stcige  —V  defines  a  tuple  of 
symbols  {I-v-n+i  ,  ■  ■  ■  and  therefore  tlie 

starting  ISI 


-IC-l-A'-l 

2s, i-  ^  hp-i-  (Id) 

So,  we  have  to  position  the  starting  |.)df’s  for  each 
state  ^  at  the  value  of  Zsj: 

=  tjsix  -  z.,,:)  (15) 

The  densities  <)'■'’ are  transformed  in  the  trellis 
structure  according  to  eq.(12),  where  Sz^y  is  defined 
by  replacing  y{t)  by  j/,.(Z)  in  eq.(ll).  This  means  tliat 

8z^=  /  yr(i)lt(-t)dt  (16) 

J  liT 

now  takes  account  only  of  the  residual  nonlinear  sig¬ 
nal  contribution  j/r  in  Fig. 7.  At  the  successor  states 
Sy  '  the  symbol  Idy^yr  and  its  linear  contribu¬ 
tion 

2a,-V+N  —  I-V+NPV-N  (17) 


l-io . I-6J-5.  1-4  . Isle . Iio 


ture 


lower  state  for  /_5  =  —1.  The  transition  to  the  fol¬ 
lowing  state  S3  yields  the  nonlinear  contribution  §z_5 
dependent  on  the  starting  and  subsequent  state  : 

I'-AT 

-  /  yr(su,S3,t)h{-t)dt,  iz  -  1,2,  (19) 

J-5T 

wdiere  y,-  denotes  the  transmit  signal  in  the  upper 
nonlinear  branch  of  Fig.  7.  Therefore,  at  state  S3, 
we  have  tlie  density  of  state  Sj  shifted  by  Sz^^  and 

f  2 1 

superimposed  the  density  of  state  S2  shifted  by  Sz_^. 
Additionally,  there  is  now  at  state  S3  a  definite  value 
of  =  1,  which  yields  a  linear  contribution  p4  * 
1.  This  means  that  the  total  density  of  state  S3  is 
lo  be  shifted  by  p,y  We  get  again  with  each  step 
through  the  trellis  an  updated  collection  of  densities 
and  having  performed  all  recursion  steps  up  to  /s  we 
can  sum  up  the  densities  of  all  states  and  obtain  the 
unconditioned  pdf  of  zq. 

6  RESULTS 

d'he  following  results  for  4-QAM  and  offset  4-QAM 
(4-OQAM)  hold  for  signals,  which  are  spectrally 
shaped  by  a  cosine  roll-off  characteristic  (roll-off  fac¬ 
tor  a  =  0.5)  distributed  equally  on  the  transmit  and 
receive  filter.  'Fhe  transmission  channel  is  modelled 
by  a  two-path  propagation  which  introduces  ISI.  The 
transfer  function  of  such  a  channel  is  given  by 

-  1  -  6exp{-j27r(/  -  /Ar)r},  (20) 


to  the  ISI  is  fixed.  For  this  reason  the  total  trans¬ 
formed  densities  at  the  successor  states  liave 

to  be  shifted  additionally  by  an  amount  of 


(-'■'■  +  1), 


,v). 


:i8) 


The  procedure  is  explained  in  the  following  Lpv  a  sim¬ 
ple  example.  Fig.  8  holds  for  a  binary  system  with 
a  memory  20r  of  the  overall  impulse  response  p(/,), 
a  memory  of  lOT  of  the  channel/i'cceive  filter 
and  -for  ease  of  explanation-  a  very  short  truncated 
transmit  filter  Wt  wdth  memory  2T.  We  begin  vvif.h 
the  linear  pdf  of  the  outer  symbols  Ij ,  |jl  >  5  at  each 
of  the  starting  states  sq  and  3-2 ■  The  stat.es  si  and 
S2  define  the  symbol  7_5,  this  fixes  the  interference 
from  this  symbol  via  the  sample  ps  of  the  impul.se 
response.  Therefore,  the  starting  pdf  is  .situated  at 
-hps  in  the  upper  state  for  /_r,  =  1  and  at  -])r,  in  tln^ 


where  6  denotes  the  relative  echo  amplitude,  the 
notch  frequency  /yv  defines  the  phase  of  the  delayed 
ray  and  r  is  tlie  echo  delay  relative  to  the  direct  path. 
For  the  nonlinearity  we  assume  the  Saleh-model  of  a 
TWTA  [2]  : 


/(•s)  = 


2s 

1  +  |sP 


2 1  s  I  ” 

exp{y<i>o,  .  I  12) 

1  +  sr 


(21) 


with  <t)o  =  7r/6. 

If  we  assume  a  memory  length  of  6  symbol  dura¬ 
tions  for  the  truncated  transmit  filter  Wf  ,  we  obtain 
4'^  =  1024  different  trellis  states  and  the  same  num¬ 
ber  of  pdf’s  in  the  recursion  procedure.  The  memory 
length  of  the  channel/receive  filter  h{t)  as  well  as  the 
memory  of  tlie  untruncated  transmit  filter  w^t)  is  not 
ci'itical  and  can  be  taken  as  10-20  symbol  durations. 
The  densities  are  numerically  represented  at  A  =  128 
e(|ualiy  spaced  discrete  points. 
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6.1  Examples 

For  illustration  we  show  in  Fig.  9  a  scatter  plot  of  the 
received  signal  for  4-QAM  with  a  TWTA  (IBO  =  0 
dB)  transmitted  over  a  two-path  propagation  channel 
with  the  indicated  parameters.  This  figure  was  cal- 


FigureQ:  Scatter  plot  of  the  received  signal  for  4- 
QAM,  with  a  TWTA,  IBO  =  0  dO,  two- 
path  propagation  with 
b  —  0.9  relative  echo  amplitude 
f\^T  —  0.1  not.cii  frequency 
r  =  0.1  T  echo  delay 

culated  by  Monte-Carlo  simulation  with  rather  few 
symbols  in  order  to  give  an  impression  of  the  situ¬ 
ation.  The  four  clusters  of  signal  samples  in  each 
quadrant  are  due  to  the  echoes  of  the  two-path  propa¬ 
gation.  All  samples  right  of  the  ordinate  correspond 
to  a  transmitted  symbol  1  in  the  inphase  channel,  the 
samples  left  correspond  to  -1.  The  pdf  of  the  received 
signal  in  the  inphase  channel  is  the  marginal  density 
of  these  points  dependent  on  the  absci.ssa.  This  pdl 


Figure  10:  pdf  of  ISI  for  the  system  of  Fig.  9 

thin  line  a:  brute  force  Monte-Carlo  sim¬ 
ulation 

fat  line  b:  result  of  recursive  algorithm 

is  plotted  in  Fig.  10  with  the  decision  threshold  in 
the  centre.  The  fat  line  b  refers  to  our  recursive  algo¬ 
rithm  and  the  thin  line  a  was  calculated  as  a  test  by 
brute  force  Monte-Carlo  simulation  with  60  000  sym¬ 
bols.  The  coincidence  of  both  curves  is  rather  good 
for  such  a  complicated  recursion  procedure  and  the 


recursive  algorithm  is  more  accurate  than  the  Monte- 
Carlo  simulation.  The  saving  of  computation  time  by 
the  recursion  is  about  a  factor  of  10  for  comparable 
accuracy.  Having  calculated  the  pdf  of  ISI  we  can 
determine  the  bit  error  probability  caused  by  noise 
and  the  distortions,  if  threshold  decision  is  applied. 
The  abscissa  in  Fig.  11  counts  the  ratio  of  energy 


El/No 


Figure  11:  Bit  error  probability  for  the  4-QAM  sys¬ 
tem  of  Fig.  9 
a:  AWGN  only 

b:  AWGN  and  TWTA  (IBO  =  0  dB) 
c:  AWGN,  TWTA  and  two-path  propaga¬ 
tion  according  to  Fig.  9 
d:  AWGN,  two-path  propagation,  no 

TWTA 


per  bit  Ei  to  the  one-sided  spectral  density  of  noise 
N[).  At  the  leftmost  curve  a  in  Fig.  11  the  system 
is  corrupted  only  by  additive  white  Gaussian  noise. 
This  means  no  nonlinear  distortion  and  no  ISI  due  to 
the  cosine  roll-off  filtering.  The  second  curve  b  shows 


Figure  12:  Scatter  plot  of  the  received  signal  for 
4-OQAM 

roll-off  factor  a  —  0.5 

two  path  propagation  as  in  Fig.  9 

TWTA  with  IBO  =  0  dB 
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a  slight  impairment  if  a  TWTA  with  IBO  =  0  clB  is 
included.  The  rightmost  curve  d  holds  for  the  dis¬ 
persive  two-path  channel  without  a  nonlinearity,  and 
the  curve  c  yields  a  very  interesting  result:  The  non¬ 
linearity  reduces  the  error  ratio  which  is  caused  by 
the  channel  dispersion.  This  effect  is  already  known 
from  soliton  theory  [6]:  a  nonlinearity  can  diminish 
the  dispersion  which  is  caused  by  a  linear  channel. 
For  digital  transmission  systems  sometimes  tlie  offset 
modulation  scheme  is  favored  because  of  its  reduced 
variation  of  the  signal  envelope.  This  should  lead  to 
smaller  distortions  by  nonlinearities.  In  order  to  test 
this  statement,  we  show  corresponding  results  for  off¬ 
set  4-QAM  (4-OQAM)  revealing  that  the  statement 
is  not  true  in  all  respects. 

Fig.  12  is  the  scatter  plot  for  the  4-OQAM  system 
at  the  sampling  instants  of  the  inphase  channel.  For 
Fig.  12  the  same  channel  dispersion  and  the  same 
nonlinearity  as  in  Fig.  9  was  assumed.  The  marginal 
density  of  the  real  part  of  the  signal  is  shown  in  Fig. 
13,  there  is  again  a  very  good  coincidence  between 
the  proposed  algorithm  (fat  line  b)  and  the  Monte- 
Carlo  simulation  (thin  line  a). 


Figure  13:  pdf  of  received  signal  for  4-OQAM. 

TWTA  with  IBO  =  0  dB,  two  patli  pi'op- 
agation  as  in  Fig.  9 

thin  line  a:  biuite  force  Monte-B'arlo  sim¬ 
ulation 

fat  line  b:  recursive  algorithm 

The  resulting  error  probabilities  are  plotted  in  Fig. 
14.  The  left  curve  (a)  without  channel  dispersion  and 
without  a  nonlinearity  is  the  same  as  in  Fig.  11  for 
4-QAM.  The  next  curve  (b)  shows  an  increased  im¬ 
pairment  due  to  the  nonlinear  distortion  as  compared 
to  the  non-offset  system.  At  the  worst  line  (d)  for  the 
frequency  selective  channel  there  is  a  severe  degrada¬ 
tion  relative  to  the  corresponding  curve  in  Fig.  11.  It 
is  well  known  that  the  offset-modulation  leads  to  an 
increased  interference  from  the  quadrature  channel 
if  dispersion  is  present.  At  curve  (d)  the  peak  di.s- 
tortion  has  exceeded  the  decision  thresliolcl  because 
of  the  latter  effect  and  this  causes  a  residual  error 
floor  for  large  Eb/No.  The  reduction  of  the  error  ra¬ 
tio  by  the  nonlinearity  at  curve  (c)  seems  now  to  be 
dramatic.  But  nevertheless  this  result  for  offset  mod¬ 
ulation  with  TWTA  and  two-path  propagation  re¬ 
mains  2-3  dB  worse  than  the  corresponding  curve  in 
Fig.  11  for  non-offset  modulation.  The  above  men¬ 
tioned  argument  for  advantages  of  nonlinearly  dis¬ 
torted  OQAM,  which  was  based  on  the  reduced  en¬ 
velope  variation  of  the  signal,  does  thus  not  hold  as 
far  as  the  error  probability  in  the  nominal  frequency 
band  is  considered.  But  besides  this  ISl  the  nonlin¬ 
earity  also  causes  a  spectral  widening  of  the  signal 


E|)/No  - ► 

Figure  14:  bit  error  probability  for  4-OQAM  accord¬ 
ing  to  Fig.  14 
a:  AWGN  only 

b:  AWGN  and  TWTA  (IBO  =  0  dB) 
c:  AWGN,  TWTA  and  two-path  propaga¬ 
tion  according  to  Fig.  9 
d:  AWGN,  two-path  propagation,  no 
TWTA 


and  this  spectral  widening  leads  to  Adjacent  Chan¬ 
nel  Interference  (ACl).  For  offset  modulation  the  ACI 
is  reduced  at  the  expense  of  increased  ISI. 


Figure  15:  Envelope  of  the  linearized  GMSK  signal 

The  algorithm  can  also  be  applied  for  the  GMSK- 
modulation  scheme  used  in  the  European  digital  mo¬ 
bile  GSM  network.  The  exact  GMSK-modulation 
possesses  a  constant  envelope  so  that  non-linear  am¬ 
plitude  distortions  do  not  degrade  the  performance. 
Some  implementations,  however,  are  based  on  the  lin¬ 
ear  approximation  where  slight  variations  of  the  en¬ 
velope  are  observed  (Fig.  15).  The  linearized  version 
of  the  GMSK  signal  s{t)  is  given  by  [7] 

CO  i 

sgmsk(I)-  exp{i-  ^  d{l)}  co{t  -  iT) 

^  —  CO  l=  —  OO 

(22) 


31-8 


with  d{l)  €  {  +  i,  -1}  aiicl 

Co(t)  '•  impulse  response  as  in  [7]. 

This  modulation  scheme  doesn’t  fullfill  the  first 
Nyquist  criterion  so  that  inlierently  a  certain  amount 
of  ISI  is  present  also  in  the  Ccise  of  an  AWGN  cliannel 
as  shown  in  the  eye  diagram  in  Fig.  16. 


Figure  16:  Eye  diagram  for  the  linearized  GMSK 
scheme 

The  linearized  GMSK  modulation  can  be  interpreted 
as  offset  QAM  resulting  in  a  block  diagram  as  shown 
in  Fig.  17. 


COS((Oot) 


2p-i-l 


Figure  17:  Block  diagram  of  the  linearized  GMSK 
scheme 

Thus,  the  pdf  of  ISI  and  the  BER  can  be  calculated 
using  the  results  for  timing-  and  carrier-phase  offset 
described  in  Sec.  3.1.  The  performance  of  the  GMSK 
system  is  depicted  in  Fig.  18  for  the  same  chan¬ 
nel  conditions  and  non-linearities  as  for  the  QAM 
modulation.  Again  it  can  be  observed  that  the  non¬ 
linearity  improves  the  perfornance  under  frec|uency- 
selective  fading  conditions. 

CONCLUSION 

A  recursive  algorithm  for  the  determination  of  the 
pdf  of  ISI  after  nonlinear  distortions  and  linear  chan¬ 
nel  dispersion  was  described.  In  this  papei’  the  feasi¬ 
bility  of  the  method  for  system  analysis  was  shown. 


EiyNo  - > 


Figure  18:  BER  versus  EijNo  for  the  linearized 
GMSK  scheme 
a:  AWGN  channel  only 
b:  AWGN,  TWTA  and  two-path  propaga¬ 
tion,  according  to  Fig.  9 
c:  AWGN,  two-path  propagation,  no 

TWTA 


The  main  results  are  the  occasional  improvement  of 
cliannel  dispersion  by  the  characteristic  of  a  HPA  and 
the  increase  of  nonlinear  inband  distortion  with  offset 
modulation.  The  linearized  approximation  of  GMSK 
can  also  be  analyzed  with  nonlinear  distortion  and 
linear  channel  dispersion.  Similar  as  for  the  QAM 
the  nonlinearity  counteracts  the  effect  of  linear  chan¬ 
nel  dispersion. 
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ABSTRACT  Per-Survivor  Processing  is  a  general 
approach  including  in  the  survivors  of  the  Viterbi 
Algorithm  trellis  the  relative  estimation  of  unknown 
parameters;  this  expensive  method  better  approximates 
the  optimum  decoder  in  some  conditions.  The  method 
is  applied  to  the  case  of  a  typical  HE  channel  and 
performance  is  evaluated.  Some  reduced  complexity 
implementations  are  also  evaluated  and  relative 
performances  reported. 

1.  INTRODUCTION 

The  Viterbi  algorithm  (VA)  is  the  well  known 
optimum  decoder  in  the  presence  of  both  Gaussian 
noise  and  Intersymbol  Interference  (ISI)  [1].  To 
operate  the  VA  requires  the  knowledge  of  the  overall 
channel  impulse  response  (CIR),  which  is  usually 
computed  using  an  adaptive  estimator  driven  by  either 
least  squares  (LS)  or  least  mean  squares  (LMS) 
algorithms  [2]  [3]  [4]. 

When  multipath  and  fast  fading  rates  are  present,  the 
optimum  solution,  to  approach  the  theoretical 
performance,  is  the  introdirction  in  the  VA  trellis  of 
the  additional  estimation  of  unknown  parameters,  of 
course  resulting  in  a  computational  heaviness 
[5][6][7]. 

This  method,  per-survivor  processing  (PSP),  has  been 
independently  introduced,  recently,  by  several  airthors 
in  various  application  fields  [5]  [6]  [8].  In  this  paper, 
the  PSP  method  is  applied  to  a  data  transmission  over 
a  typical  HE  channel,  affected  by  both  multipath  and 
Doppler  spread. 

A  per-survivor  channel  estimator  and  linear  equalizer 
are  introduced  in  the  VA  trellis,  where  the  selection  of 
the  least  cost  data  sequence  also  assures  the  selection 
of  the  associated  equalizer.  That  increases  the 
complexity  related  with  the  single  survivor,  but 
considerably  reduces  possibility  of  divergence  of  the 


algorithm,  in  the  presence  of  fast  fading.  The 
complexity  of  the  proposed  method  is  evident,  as  well 
as  the  difficulty  of  a  practical  implementation. 

First  the  length  of  the  required  trellis  is  evaluated,  then 
some  simplifications  of  the  method  are  exaniinated, 
that  allow  to  keep  its  intrinsical  robustness  although 
reducing  the  computational  effort. 

A  possible  symplification  consists  in  a  reduced  state 
sequence  estimation  (RSSE),  a  suboptimum  decoder, 
keeping  only  the  most  probable  survivors  on  the  basis 
of  the  least  distance;  this  solution  is  effective  when  the 
CIR  is  minimum  phase  or  properly  equalized  [2].  This 
approach  leads  to  the  use  of  a  trellis  with  a  reduced 
dimension  state  and  is  already  used  for  standard  VA 
decoders. 

The  channel  used  in  all  simulations  consists  of  two 
independent  Rayleigh  fading  paths,  with  same  average 
magnitude,  IHz  Doppler  spread  each  and  1ms  relative 
delay.  The  signal  consists  of  i.i.d.  data,  with  periodic 
retraining,  transmitted  over  a  3  kHz  voiceband  channel, 
using  8PSK  modulation  scheme  and  2400  symbols  per 
second.  At  the  receiver  the  signal  is  supposed  correctly 
sampled  at  symbol  rate.  Both  the  transmitter  and  the 
receiver  are  equipped  with  a  raised  cosine  filter. 

The  stnicture  of  the  PSP  decoder  is  explained  in 
section  2;  section  3  describes  the  complexity  of  the 
algorithm  as  a  function  of  the  decoding  delay  and  of 
possible  symplification;  simulation  results  are  in 
section  4  and,  finally,  in  section  5  conclusions  and 
practical  implications  are  considered. 

2.  THE  PSP  DECODER 

The  transmitted  signal  consists  of  i.i.d.  data,  with 
periodic  retraining,  passed  through  a  typical  HE 
channel,  both  the  transmitter  and  the  receiver  are 
equipped  with  shaping  filters.  During  the  training 
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sequence,  the  received  signal  is  sampled  at  a  frequency 
higher  than  symbol  rate,  then  the  optimum  sampling 
instant  is  chosen  and  is  supposed  constant  all  over  the 
data  frame. 

The  starting  point,  to  understand  the  PSP  decoder,  is 
the  well  known  decision  feedback  equalizer  (DFE), 
whose  classical  structure  is  reported  in  figure  1.  It 
consists  in  a  linear  equalizer  G={gq},  a  decision  device 
and  a  feedback  equalizer  F={fp},  with  q=0,...Ll  and 
p=0,...L2,  The  equalizer  G  compensates  the  ISI  of  the 
noncausal  (before  the  synchronisation  point)  part  of 
the  CIR,  while  the  equalizer  F  is  an  estimator  of  the 
causal  (after  the  synchronization  point)  part  of  the 
CIR. 

The  complex  envelope  of  the  received  signal  r(n)  at  the 
input  of  the  decoder  is  given  by: 

L 

""  Xi  hp(n)xn-p+  w„  ,  (1) 

p=0 

where  {Wn}  represents  white  Gaussian  noise  with 
variance  independent  of  data,  {Xn}  is  the  8PSK 
symbol  sequence  and  H(n)={hp(n)}  is  the  time  varying 
channel  impulse  response. 

At  time  n,  the  signal  y(n)  at  the  input  of  the  decision 
device  is: 

Ll 

y(n)  =  Y,gp(^^-'Or{n  +  p)  - 

(2) 

g=l 

Eight  possible  values  of  Xn  are  inserted  in  the  equation 
(2)  and  eight  corresponding  values  Si(n)  of  error  are 
obtained: 

£,(n)  =  y(n)-x„Jo(n-l).  (3) 

The  value  of  ^  originating  the  least  value  of  Si(n)  is 
retained  and  the  equalizers  G(n)  and  F(n)  are  updated, 
according  to  the  classical  LMS  equations: 

G(n)  =  G(n  -  1)  +  jU£(n)R*(n),  (4) 

F(n)  =  F{n  - 1)  +  jU£(n)X*  (n),  (5) 

where  R(n)={r(n),...r(n+Ll)}  and  X(n)={Xn,...Xn-L2} 
are  the  vectors  of  received  and  decoded  signal  stored  in 
the  taps  delay  lines  of  the  linear  equalizer  and 
feedback  equalizer  respectively. 

The  first  step  towards  PSP  consists  in  delaying  the 
final  decision  for  x(n)  and  keeping  eight  different  DFE 


structures,  one  for  each  possible  value  of  Xi(n).  The 
new  structure  is  illustrated  in  figure  2. 

At  time  n+1  eight  possible  values  .of  Xi(n+1)  are 
inserted  in  each  independent  branch  of  the  structure  in 
figure  1,  originating  in  8^  possible  values  of  total  error 
s^Ty(n+l)  at  time  n+1: 

£ly(n  +  l)  =  £](n  +  l)  +  £Xn).  (6) 

At  this  point  the  value  Xi(n)  and  the  relative  DFE 
structure  are  retained,  corresponding  to  the  least  value 
of  s^T(n+l).  The  value  of  x,(n)  is  fed  back  and  8  new 
branches  of  the  structure  in  figure  2  are  built, 
depending  on  the  8  possible  values  of  Xi(n+1).  Then 
the  decoding  procedure  evolves  with  a  new  sample. 

Instead  of  decoding  x(n)  at  time  n+1,  it  is  possible  to 
further  delay  the  decision  by  keeping  64  different 
branches,  each  corresponding  to  all  possible  values  of 
Si(n)  and  8i(n+l).  The  resulting  structure  is  illustrated 
in  figure  3. 

At  next  step,  8^  possible  values  of  the  total  error 
e^Tijk(n+2)  exist,  in  correspondence  of  each  possible 
decoded  triplet  Xi(n),  Xj(n+1),  Xk(n+2): 

^Tijk  =  +  2)  +  £]  («  +  !)  +  ^  ■  (n).  (7) 

Again  the  possibility  exists  of  either  decoding  x(n)  or 
further  delaying  the  decision,  still  increasing  of  a 
factor  8  the  number  of  branches  in  the  decoder. 

When  all  the  taps  in  the  feedback  equalizer  F  are 
occupied  by  a  possible  unresolved  value  of  symbol 
Xi(n,...  n+L2),  it  is  possible  to  further  delaying  the 
decision  and  build  a  trellis,  like  in  the  case  of  a 
standard  VA  decoder.  The  difference  lays  in  the  fact 
that  at  each  branch,  survivor  of  the  trellis,  is  associated 
a  different  couple  of  equalizers  G(n)  and  F(n),  which  is 
generated  by  a  different  evolution  of  possible 
transmitted  data. 

The  structure  of  the  trellis,  for  the  case  L2=3,  is 
illustrated  in  figure  4  where,  for  clearity,  a  2PSK 
modulation  scheme  has  been  assumed. 

3.  COMPLEXITY 

Performances  of  the  method  have  been  evaluated  for 
different  values  of  the  decoding  delay:  1,  2  and  3 
samples.  Then  a  Viterbi-like  trellis  has  been  built  of 
length  3*L2,  also  corresponding  to  the  decoding  delay. 

It  is  assumed  that  the  main  cost  is  associated  to  the 
multiplications,  therefore  the  computational 
complexity  will  be  expressed  in  terms  of  complex 
multiplications.  This  is  not  quite  true,  expecially  if 
digital  signal  processing  microprocessors  are  used, 
because,  in  most  cases,  an  addition  requires  the  same 
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computing  time  than  a  multiplication.  Nonetheless  the 
number  of  complex  multiplications  gives  a  good  idea 
of  complexity  and  a  linear  correction  factor  could  be 
added  to  include  additions  cost. 

In  the  case  of  a  DFE,  the  computational  complexity  to 
calculate  y(n)  can  be  estimated,  from  equation  (2),  in 
L1+1+L2  complex  multiplications.  From  equation  (3), 
we  have  to  add  M  (where  M  is  the  number  of  symbols 
in  the  modulation  scheme,  8  in  the  case  of  8PSK) 
multiplications  to  calculate  s(n).  From  equations  (4) 
and  (5),  we  get  Ll+1  complex  multiplications  to 
update  G(n)  and  L2+1  complex  multiplications  to 
update  F(n).  The  total  DFE  cost,  in  terms  of  complex 
multiplications  for  each  decoded  symbol,  is: 

=  2  *  Z,1  +  2  *  Z(2  +  M  +  3.  (8) 

When  a  decoding  delay  of  one  symbol  is  introduced, 
like  in  the  case  of  figure  2,  M  independent  DFEs  are 
required  and  the  resulting  cost  is  M*Cdfe-  In  the  same 
way  we  can  say  that  the  cost  of  the  structure  in  figure  3 
is  M^*Cdfb,  and  so  on. 

In  the  case  of  the  trellis  in  figure  4,  the  number  of 
branches  is  requiring  different  DFEs  to  be 
run  in  parallel.  The  resulting  cost  is  approximately 

A  solution  adopted  to  reduce  the  complexity  of  the 
Viterbi  algorithm  consists  in  keeping  only  a  reduced 
number  of  survivors,  the  most  probable  ones  [2].  This 
reduced  state  sequence  estimation  is  effective  in 
reducing  the  complexity  of  the  algorithm,  without 
degrading  performance,  when  the  channel  impulse 
response  presents  minimum  or  almost  minimum 
phase. 

A  reduced  state  sequence  estimation  has  also  been 
attempted  in  the  case  of  the  per-survivor  processing 
decoder.  At  each  step  of  the  trellis  only  the  64 
survivors  are  kept  which  correspond  to  the  64  least 
values  of  the  total  cost.  The  resulting  computational 
complexity  is  64*Cdfe- 

4.  SIMULATION  RESULTS 
Simulations  have  been  carried  out  considering  8PSK 
transmission  at  2400  symbols/s;  both  transmitter  and 
receiver  models  are  already  equipped  with  a  fixed 
shaping  filter,  roll-off  =  0.2.  Data  are  transmitted  in 
frames  of  256  symbols,  of  which  the  first  80  are  known 
data  and  the  following  176  are  information  data.  Each 
transmission  consists  of  a  continuous  flux  of  40 
frames. 

The  channel  utilized  in  simulations  consists  of  two 
independent  Rayleigh  fading  paths,  with  equal  average 
amplitude,  1  ms  relative  time  delay  and  1  Hz  Doppler 
spread  each  one.  The  time  dispersion  of  the  considered 
channel  is  over  4  symbols,  but,  due  to  the  mismatching 


of  the  Nyquist  filters,  the  overall  sampled  channel 
impulse  response  has  a  significant  magnitude  over  9- 
10  symbols. 

The  average  channnel  impulse  response  for  each  data 
frame,  presents  an  equal  distribution  between 
minimum  phase  and  non-minimum  phase.  Even  if  this 
condition  is  indifferent  for  the  complete  PSP  decoder, 
all  the  other  decoders  either  have  degraded 
performance,  or  completely  fail  to  operate  with  non¬ 
minimum  phase  CIR.  Therefore,  to  obtain  comparable 
results,  an  analysys  of  the  CIR  is  made  in  the  known 
data  packets  at  the  beginning  of  each  frame  and  at  the 
end  (the  beginning  of  the  next  frame),  then  the  frames 
are  decoded  backward  in  the  case  of  average  non¬ 
minimum  phase. 

Figure  5  reports  the  symbol  error  rate  at  different  SNR 
values  of  four  different  decoders:  a  classical  DFE, 
curve  n.l,  and  the  resulting  structures  when  delaying 
the  decision  of  1,  2  and  3  symbols,  curves  n.2,  n.3  and 
n.4,  respectively. 

Figure  6  reports  the  symbol  error  rate  at  different  SNR 
values  of  three  different  decoders.  The  curve  n.  1  has 
been  obtained  using  a  classical  VA  decoder  with  8"* 
states,  where  a  first  step  decision  is  used  for  channel 
estimate.  The  cun^e  n.2  has  been  obtained  by  delaying 
the  decision  of  the  DFE  of  3  symbols,  the  same 
decoder  of  curve  n.4  in  figure  5.  The  curve  n.3  has 
been  obtained  with  a  full  PSP  decoder  with  a  decoding 
delay  of  12  symbols  (3*L2)  and  a  trellis  with  512 
states. 

The  results  obtained  with  the  simplified  decoder  with 
trellis  length  12  and  only  64  survivors  are  not 
reported,  but  they  were  practically  coincidents  with  the 
results  obtained  with  the  complete  PSP  decoder  and 
512  survivors. 

Simulations  marked  the  most  important  improvement 
of  the  PSP  method  with  respect  to  the  standard  VA 
decoder:  sometimes  the  standard  VA  decoder  falls  in 
an  unrecoverable  error  burst.  Due  to  the 
contemporaneous  presence  of  errors  and  a  fast  time 
varying  channel,  sometimes  the  adaptive  equalizers,  G 
and  F,  fail.  As  a  consequence,  the  CIR  is  completely 
loss  and  un  error  burst  is  originated  in  the  decoder. 
That  never  happened  in  the  PSP  decoder.  As  an 
example,  figure  7  and  figure  8  report  the  error 
locations  of  the  same  data  packet,  respectively  for  the 
systems  of  curves  n.l  (classical  VA  decoder)  and  n.3 
(complete  PSP  decoder)  in  figure  6.  The  classical 
system  in  figure  7  shows  an  evident  failure  of  the 
channel  estimate  algorithm,  while  the  PSP  decoder  is 
intrinsically  able  to  recover  the  estimation  capability, 
by  this  reason  the  PSP  approach  has  also  been 
suggested  for  blind  equalization  [5], 


32-4 


It  is  worth  noting  that  the  two  simulations  of  figure  7 
and  figure  8  are  relative  to  the  same  data  frame,  with 
the  same  value  of  SNR.  The  presence  of  error  burst  in 
the  classical  decoder  is  at  the  origin  of  the  slight 
difference  between  the  curves  n.l  and  n,  3,  in  figure  6. 
This  important  difference  in  behavior  does  not 
originates  a  large  difference  in  the  graphs  of  the 
symbol  error  rate  because  of  the  data  frame  structure, 
that  allows  a  periodic  retraining  of  the  estimators.  The 
analisis  of  the  channel  impulse  response  showed  that 
the  error  bursts  happened  when  the  channel  was  more 
rapidly  varying. 

5.  CONCLUSIONS 

In  the  performed  work,  the  application  of  PSP  to  the 
case  of  a  typical  HF  channel,  in  the  presence  of  both 
fading  and  multipath,  has  been  evaluated.  The 
computational  cost,  as  well  as  some  symplification, 
have  been  analyzed. 

Although,  at  present,  the  complexity  and  heavyness  of 
the  proposed  method  make  its  implementation  quite 
difficult,  in  the  case  of  high  order  modulation  schemes, 
some  solutions  could  be  examinated  in  the  case  of 
2PSK  modulation  schemes. 

Nonetheless,  the  capability  to  operate  in  a  selective 
fading  environment  and  the  intrinsical  robustness 
make  the  use  of  PSP  attractive  when  a  reliable 
communication  is  required,  especially  when  more 
powerful  processors  will  be  available.  The  possibility 
to  operate  with  long  unknown  data  sequences  could 
probably  allow,  after  further  investigations,  to  reduce 
the  presence  of  known  data  probes  in  the  present 
standard  waveforms  and  increase  the  useful  bit  rates. 
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Abstract:  Describing  and/or  modelling  the  characteristics 
of  transmission  channels  is  the  most  important  aspect  of 
performance  estimation  for  most  communication  systems. 
Many  analytic  techniques  for  determining  performance 
under  well  defined  conditions  such  as  additive  Gaussian 
noise,  Poisson  impulsive  noise,  exist.  However,  some 
channels  are  too  complex  in  terms  of  noise  effects,  inter¬ 
ference  and  time  variability  to  model  with  fidelity.  The  most 
outstanding  example  of  this  is  the  HF  sky  wave  channel  for 
which  "some  good  channel  simulator  performance"  is 
required  prior  to  fielding  of  a  system.  However,  in  general 
this  is  only  a  necessary  but  not  sufficient  condition  for 
acceptable  on-air  performance. 

Link  level  or  layer  two  protocols  provide  an  excellent  means 
to  reduce  the  effects  of  such  uncertainties.  The  basic 
approach  is  to  use  packetization  (packet  radio)  to  allow  an 
automatic  request  for  repeat  (ARQ)  process  to  continuously 
trade-off  throughput  with  channel  conditions.  Many  other 
facilities  such  as  link  establishment/maintenance  and 
adaptive  modem  speed  control  can  also  be  incorporated. 
With  such  an  approach  the  source  information  (data, 
message,  fax,  image  and  packet  digital  voice)  will  always 
be  communicated  to  the  destination  with  no  errors  but  the 
transmission  (or  delivery)  time  will  vary  with  channel 
conditions;  the  worse  the  channel  the  longer  it  will  take  to 
transmit  the  information.  Packet  radio  techniques  were 
originally  developed  by  DARPA  for  networking  and 
survivable  multi-homing  applications  over  terrestrial/fixed 
links.  However,  the  link  level  applications  over  complex 
channels  are  now  increasing  significantly. 

This  paper/presentation  will  present  examples  of  link  level 
protocol  work  that  has  been  performed  at  SHAPE  Technical 
Centre.  Specifically,  link  level  ARQ  protocols  developed  for 
HF  sky  wave  and,  meteor  burst  communications  will  be 
covered.  More  recent  work  on  a  packet  radio  protocol  for 
data  communications  over  analog  frequency  hopping  radio 
systems  will  also  be  described. 


Introduction:  Channel  Characterisation 

Characterisation  of  radio  propagation  channels  is  a  com¬ 
plex,  many  faceted  topic  with  a  history  as  old  the  first  radio 
transmissions  more  than  a  century  ago.  In  the  initial  stages 
of  development  the  estimation  of  the  performance  and  ulti¬ 
mately  the  Quality  of  actual  on-the-air  service  provided  bv 


a  new  and/or  improved  radio  system  is  very  important. 
This  is  highly  dependent  on  our  understanding  of  the  details 
of  the  radio  channel  over  which  the  system  is  to  operate. 
There  is  however  a  trade-off  between  the  level  of  detail 
required  for  modelling  the  channel  and  the  resulting 
improvements  of  predicting  on-air  quality  of  service.  It  is 
possible  to  argue  that  chaotic  effects  due  to  the  non- 
linearities  in  the  propagation  processes,  particularly  for 
non-LOS  links,  involve  "butterfly  effects"  that  preclude 
accurate  estimation  [1]  after  a  certain  level  of  detail  has 
been  reached  in  the  modelling  process. 

There  are  of  course  various  different  types  of  radio  sys¬ 
tems;  line-of-sight  (LOS)  (including  satellite  communica¬ 
tions),  scatter,  ionospheric  reflection/scatter,  meteor  trail 
reflection,  surface  wave  over  land  and  sea,  passive  man¬ 
made  and/or  natural  reflectors,  etc.  For  example,  LOS 
ehannels  are  the  most  straight  forward  to  model  especially 
for  non-mobile  users.  Scatter  and  ionospheric  reflection 
channels  provide  inherent  complexities/non-linearities  due 
to  the  basic  mechanisms  by  which  signals  are  propagated 
over  long  distances  even  for  non-mobile  users.  In  particu¬ 
lar,  the  HF  sky-wave  channel  is  the  most  complex  as  it 
depends  on  electromagnetic  wave  -  ionospheric  plasma 
interaction.  As  a  result  it  is  strongly  influenced  by  diurnal, 
seasonal,  solar  cycle  effects  on  the  upper  atmosphere 
(ionosphere).  The  meteor  burst  (also  called  meteor  scatter) 
channel  results  from  reflections  from  plasma  trails  formed 
by  disintegrating  microscopic  cosmic  dust  particles  as  they 
enter  the  upper  atmosphere.  This  channel  behaves  like  a 
reasonably  good  passive  reflector  LOS  channel  during  the 
random  short  intervals  that  it  is  available.  The  duty  cycle 
of  these  intervals  is  of  the  order  of  few  percent  with 
average  durations  few  hundred  msec.  A  great  deal  of 
statistical  information  is  available  which  permits  prediction 
of  link  performance  [2]. 

It  is  possible  to  approximately  model  such  radio  channels 
with  additive  Gaussian  noise,  multiplicative  noise  (Eg.  Ray¬ 
leigh  fading),  Poisson  impulsive  noise  and  various  other 
random/stochastic  techniques.  This  paper  is  not  intended  to 
cover  these  approaches  and  many  references  [3]  may  be 
found  on  these  analytic  approaches.  The  intention  is  to  give 
a  system  level  overview  of  this  large  area  from  the  view¬ 
point  of  link  level  protocols  which  employ  packetisation 
with  automatic  repeat  request  (ARQ)  techniques  that  permit 
an  effective  exchange  of  throughput  with  channel  condi¬ 
tions.  In  other  words,  The  resultant  data  communications  is 
always  error  free  but  the  duration  of  transmission  will 
depend  on  channel  conditions.  Fig.  1. 
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THROUGHPUT  VS  CHANNEL  CONDITIONS 
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Figure  1 .  Generic  throughput  vs  channel  condition  trade-off  re¬ 

lationship  with  link  level  protocols.  A  smooth  exchange  of  throughput 
with  channel  conditions  takes  place  with  error  free  data  communications. 


Data  Link  Control  Layer 

The  Open  Systems  Interconnection  Reference  Model  (OSI- 
RM)  specifies  7  layers  from  physical  (1),  through  link  (2), 
network  (3)  to  application  (7)  [4].  The  basic  function  of 
the  Layer  2  (=Link  Layer  or  the  Data-Link  Control  Layer) 
is  the  arrangement  of  the  data  bits  into  frames  and  their 
management  [5].  Historically  the  most  common  protocol  is 
the  ISO  High-Level  Data  Link  Control  Procedures  (HDLC, 
ISO  3309). 

In  general,  the  link  layer  performs  the  following  functions: 

a)  Establishes  and  releases  one  or  more  link  connec¬ 
tions 

b)  Assembles,  keeps  track  of  and  exchanges  data-link 
service  data  units  (DLSDUs)  or  frames 

c)  Identifies  end  points  of  management  and  data  frames 

d)  Properly  sequences  DLSDUs/frames  as  required 

e)  Controls  data  flow  including  requesting  repeats 
(ARQ)  and/or  repeating  relevant  frames  when  errors 
are  encountered 

f)  Notifies  the  network  layer  when  errors  are  detected 

g)  Selects  optional  quality  of  service  (QoS)  parameters. 
These  may  be  passed  onto  the  physical  layer  and 
network  layer 

Since  the  advent  of  packetized  data  communications  in  the 
late  sixties  through  pioneering  studies  by  DARPA,  much 


work  has  been  done  on  data  link  protocols.  The  most  well 
known  data  link/network  protocols  is  the  X.25  which  has 
been  and  is  still  used  for  data  communications  over  fixed 
terrestrial  links/networks.  The  US  Amateur  Radio  commun¬ 
ity  must  be  credited  with  the  definition/implementation  of 
the  first  open  packet  radio  protocol,  the  AX. 25  [6].  This 
protocol  was  primarily  intended  for  LOS  links,  including 
SATCOM,  but  could  also  be  used  for  non-LOS  links.  It  is 
in  use  since  early  eighties  and  is  still  the  major  open 
(= nonproprietory)  protocol  for  data  communications  over 
radio  links/networks. 


HF  Packet  Radio  (PR)  Protocols 

HF  data  communications  has  unfortunately  been  one 
engulfed  by  proprietary  standards.  To  contribute  to  the 
opening  of  the  HF  data  communications,  in  1991  STC 
defined  an  published  an  open  HF  packet  radio  (PR)  proto¬ 
col  which  has  since  been  implemented  in  various  forms  by 
government  and  industrial  organisations.  More  recently  the 
US  has  also  promulgated  a  new  protocol,  FED  STD  1052p 
[7]  with  exactly  the  same  aims. 

AX.25  suffered  from  a  number  deficiencies  on  non-benign 
channels  such  as  HF  : 

a)  The  carrier  sense  multiple  access  (CSMA)  scheme  used 
suffers  from  collisions  and  also  introduces  unnecessary 
delays 

b)  Go-back-N  ARQ  scheme  used  performs  badly  on  poor 
channels  such  as  HF 

c)  Flow  control  and  address  overheads  are  high 

d)  Has  no  provision  for  automatic  adaptivity  (Eg.  modem 
speed  control)  to  varying  channel  conditions 

The  STC  protocol  [8]  removes  these  deficiencies: 

a)  Inherent  collision-avoidance  and  collision  recovery 
mechanisms 

b)  Selective  ARQ  instead  of  go-back-N 

c)  Single  byte  connection  reference  number 

d)  Adaptive  modem  speed  control  supported 

These  provide  on-the-air  throughput  increases  of  typically 
four  to  five  times  (same  single-tone  modem  for  both  proto¬ 
cols).  In  particular,  the  STC  HF  PR  protocol  is  designed  to 
work  with  the  new  generation  of  adaptively  equalised 
single-tone  modems  [9].  The  comparison  of  the  two  pro¬ 
tocols  with  the  same  single-tone  modem  (Rockwell  MDM 
2001)  is  given  in  Fig.  2.  This  set  of  results  is  with  a 
channel  simulator  (»CCIR  "Poor  HF  channel")  for  re¬ 
peatability  [8] .  Slow  channel  corresponds  to  two  path,  equal 
power,  2  msec  path  delay  and  0.2  Hz  fading  rate  on  both 
channels.  The  results  for  the  "fast"  channel  with  fade  rate 
of  2  Hz  are  the  same  for  the  STC  protocol  but  lower  for 
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AX.25  and  hence  are  not  given  [8].  The  improvements  pro¬ 
vided  by  the  STC  protocol  are  on  the  average,  significantly 
more  with  on-air  comparisons.  The  combination  of  single¬ 
tone  modems  with  such  an  efficient  protocol  has  been 
implemented  in  a  number  of  test  and  operational  systems 
including  the  six  nation  Communications  Systems  Network 
Interoperability  (CSNI)  project.  The  CSNI  project  has 
implemented  a  full  duplex  version  of  the  STC  protocol  for 
a  cross  Atlantic  link  STC  to  CRC  Ottawa  [10].  The  1052p 
protocol  may  be  anticipated  to  provide  similar  throughput 
improvements. 


Bursty  Channel  (Meteor  Burst  Channel)  Protocols 

As  briefly  described  above,  the  MB  channel  results  in  links 
that  are  available  at  random  times  and  with  random  dur¬ 
ations.  These  are  dependant  on  the  geographic  location, 
orientation  of  the  link  and  also  on  time,  season,  etc.  In 
spite  of  these  apparent  complexities  it  has  many  practical 
applications  and  a  unique  property  in  terms  of  covertness 
[2] .  MB  technology  is  essentially  equivalent  to  VHP  radio 
-I-  PC  but  is  still  considered  esoteric  due  to  novel  nature  of 
the  medium. 

Because  of  the  random  nature  of  the  channel,  the  link  level 
protocol  must  Implement  some  form  of  channel  probing  to 
determine  the  instant  at  which  the  ionised  trail  (tangent  to 
the  oblate  spheroidal  surface  formed  by  the  transmitter  and 
receiver  as  foci)  is  formed.  A  basic  class  of  MB  protocols 
probe  with  very  short  signals;  when  the  handshake  takes 
place  after  the  initiation  of  a  suitable  meteor  trail  data 
packets  begin  to  be  transmitted.  The  second  basic  class  uses 
the  first  data  packet  in  the  transmit  queue  as  the  probe. 
When  the  existence  of  a  trail  is  acknowledged  by  a 
response  the  following  data  packets/frames  are  transmitted. 
This  latter  technique  eases  implementation  and  is  the  basis 
of  an  open  STC  protocol  [2,8]. 

The  generic  properties  of  this  data  link  protocol  are  similar 
to  the  HP  protocol  summarised  above  except  that  it  incor¬ 
porates  efficient  means  for  channel  probing  to  determine 
availability  .  The  frame  structure  for  the  STC  MB  PR 
protocol  is  shown  in  Fig.  3  as  an  example;  the  packet 
overhead  excluding  the  preamble  is  only  about  2%,  when 
the  full  capacity  of  the  data  field  is  used,  as  shown.  Purther 
details  may  be  found  in  [11]. 


Frequency  Hopping  Channel 

For  the  purposes  of  this  paper  we  consider  a  frequency 
hopping  radio  link  which  is  being  fed  data  packets  as  a 
"frequency  hopping  (PH)  channel."  The  STC  work  in  this 
area  was  initiated  by  a  requirement  to  provide  data  com¬ 
munications  over  the  analog  UHF  frequency  hopping  radio 
system  known  as  HaveQuick  (HQ)  (NATO  Stanag  4246). 
Since  about  two  years  HQ  is  in  widespread  use  for  pro¬ 
tected  voice  communications  in  most  NATO  nations.  STC 
has  defined/tested  and  prototyped  a  data  link  protocol  that 
permits  throughputs  up  to  12  Kbps  over  HQ  radios  with  a 
modem  soeed  of  19.2  Kbns  in  the  standard  25  Khz  channel 


HALF-DUPLEX  PROTOCOL  PERFORMANCE 


CHANNEL:  SLOW 


ONE-WAY  DATA  TRANSFER,  TID=30 

HALF-DUPLEX,  MODEM  :  MDM  2001  SNR  (db) 

INTERLEAVING:  0.6  SEC. 

Figure  2.  Throughput  versus  signal  to  noise  ratio  for  AX.25  and 

STC  data  link  protocols.  Slow  channel:  2  path,  equal  power,  2  msec 
delay,  0.2  Hz  fade  rate  (mean  values,  both  channels,  uncorrelated).  For 
the  fast  fading  channel  (2  Hz)  the  STC  protocol  results  are  the  same, 
AX.25  results  lower.  Since  AX.25  has  no  speed  adaptation  feature  the 
performance  at  two  rates  (2400  &  1200  bps)  is  given  [8]. 


D  :  liD4ia  Field  ireiused,  OaNot 

G  :  UQroup  ACK  app«nded,  D.Not 

S':'NSelectlve  ACKS  appended, -D-Nol 
F  MeFragmanted  POU,  0*Noi 

n  ;  Reset  bit 
X :  Not  Used 

Total  overhead  for  a  data  frame  excluding  preambles  :  10  to  14  bytes 

Figures.  STC  Meteor  Burst  Data  Link  Protocol  packet/frame 

structure.  The  packet  overhead  is  about  2  %  excluding  the  preamble  when 
data  field  is  used  to  full  capacity  [11]. 


in  the  UHF  band  (225  -  400  Mhz).  The  protocol  architec¬ 
ture  is  again  similar  to  the  HP  data  link  protocol  with 
selective  ARQ;  only  frames  (subsegments  of  packets)  not 
received  are  repeated  while  transmission  of  new  packets/ 
frames  continues.  Some  modifications  are  made  to  minimise 
and/or  accommodate  the  effects  of  frequency  hopping. 
Further  details  can  be  obtained  through  appropriate  national 
channels  from  STC.  The  protocol  does  not  require  any 
modifications  to  the  radio. 


UHF  SATCOM  Channel 

UHF  SATCOM  is  in  extensive  use  for  mobile  (land, 
maritime  and  airborne)  military  communications  require¬ 
ments.  Although  it  is  highly  vulnerable  to  jamming  and 
prone  to  interference,  its  low  cost,  ease  of  use  due  to  wide 
antenna  beams  still  make  it  attractive  for  mobile  use. 
Because  of  the  proliferation  of  UHF  sources  and  the  low 
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propagation  losses  in  the  UHF  band,  many  UHF  SATCOM 
channels  suffer  from  some  form  of  interference.  In  particu¬ 
lar,  some  NATO  UHF  channels  also  have  this  problem. 

STC  has  defined  a  data  link  protocol  for  communications 
over  UHF  SATCOM  channels  which  is  again  derived  from 
the  above  protocol  architectures.  This  protocol  allows  the 
packet  radio  ARQ  process  to  overcome  the  effects  of 
interference,  again  trading  off  throughput  with  channel 
interference  levels.  On  air  tests  with  the  protocol  have 
shown  that  with  2400  bps  basic  signalling  rate  the  protocol 
provides  reliable  data  service  throughput  of  typically  around 
1500  bps  (up  to  2000  bps)  on  5  Khz  channels  that  would 
not  normally  support  2400  bps  rates  due  to  interference. 


Mixed-Media  Protocol 

It  can  be  shown  that  for  highly  survivable  communications 
the  most  cost  effective  approach  is  the  combination  of 
different  media  or  media  diversity  rather  than  attempts  of 
optimization  towards  technology  boundaries  of  a  single 
media  [1].  A  mixed-media  protocol  (or  mixed-media  con¬ 
troller)  efficiently  combines  diverse  links  into  a  "virtual 
link"  which  offers  all  the  survivability  advantages  of  multi 
or  mixed  media  operation. 

Fig.  4  gives  an  example  of  mixed-media  operation  for 
which  a  protocol  was  developed  and  tested  at  STC  [12], 
Although  these  tests  focused  on  the  complementary  prop¬ 
erties  of  HF  and  MB  communications  for  a  specific 
application  at  the  time,  the  protocol  can  readily  be  inter¬ 
faced  to  other  media  including  SATCOM.  In  fact  it  can  be 
shown  that  COTS  standard  products  for  each  of  the  three 
media  HF,  MB,  SATCOM  can  be  combined  through  such 
a  protocol  to  provide  links/networks  that  are  survivable 
virtually  under  almost  all  possible  stressed  conditions. 


Conclusions 

Describing  and/or  modelling  the  characteristics  of  trans¬ 
mission  channels  is  the  most  important  aspect  of  perform¬ 
ance  estimation  for  most  communication  systems.  Many 
analytic  techniques  for  determining  performance  under  well 
defined  conditions  such  as  additive  Gaussian  noise,  Poisson 
impulsive  noise,  exist.  However,  some  channels  are  too 
complex  in  terms  of  noise  effects,  interference  and  time 
variability  to  model  with  fidelity.  The  most  outstanding 
example  of  this  is  the  HF  sky  wave  channel  for  which 
"some  good  channel  simulator  performance"  is  required 
prior  to  fielding  of  a  system.  However,  in  general  this  is 
only  a  necessary  but  not  sufficient  condition  for  acceptable 
on-air  performance. 

Link  level  or  layer  two  protocols  provide  an  excellent 
means  to  reduce  the  consequences  of  communications 
channel  effects,  including  additive  &  multiplicative  noise, 
fading,  other  propagation  anomalies,  natural/man-made 
interference,  hostile  jamming  and  nuclear  effects.  Some  of 
these  effects  can  be  successfully  modeled  under  certain  sim- 


Figure  4.  STC  Mixed-Media  Data  Link  Protocol.  The  present  im¬ 

plementation  was  tested  on  a  two  media  (HF  and  MB)  link  but  the 
protocol  can  be  readily  interfaced  to  additional  media  such  as  SATCOM. 


plifying  assumptions  for  line-of-sight  (LOS)  radio  links.  For 
non-LOS  links  and  particularly  for  HF  links  such  models 
give  only  a  partial  picture  in  the  form  of  a  "necessary  but 
not  sufficient  condition"  for  successful  communications. 
The  basic  approach  is  to  use  packetization  (packet  radio)  to 
allow  an  automatic  request  for  repeat  (ARQ)  process  to 
continuously  trade-off  throughput  with  channel  conditions. 
Many  other  facilities  such  as  support  to  link  establish¬ 
ment/maintenance,  adaptive  modem  speed  control  can  also 
be  incorporated.  With  such  an  approach  the  source  informa¬ 
tion  (data,  fax,  image  and  under  certain  conditions  voice) 
will  always  be  communicated  to  the  destination  with  no 
errors  but  the  transmission  (or  delivery)  time  will  vary  with 
channel  conditions;  the  worse  the  channel  the  longer  it  will 
take  to  transmit  the  information. 

This  paper  has  presented  examples  of  link  level  protocol 
work  that  has  been  performed  at  SHAPE  Technical  Centre. 
Specifically,  link  level  ARQ  protocols  developed  for  HF 
sky  wave,  meteor  burst,  frequency  hopping  channel,  UHF 
SATCOM  and  a  mixed  media  controller  have  been  briefly 
described.  There  is  no  doubt  that  efficient  link-level 
protocols  are  the  highest  pay-off  in  data  communications 
over  radio  links/networks. 
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DISCUSSION 


Discusser’s  name:  P.A.  Kossey 

Comment/Question : 

You  mentioned  VHP  Meteor-Burst-Communications  (MBC)  specifically  in  the  context  of  its 
propagation  survivability  for  certain  nuclear  scenarios.  Was  (is?)  that  the  primary  (or  only) 
feature  of  MBC  that  was  (is?)  of  interest  to  STC/NATO? 

Or  (to  ask  the  question  in  another  way),  are  the  features  of  MBC,  such  as  LPl,  AT,  low  power, 
light-weight,  etc.,  attractive  enough  in  their  own  right  to  warrant  the  use  of  MBC  for  evolving 
NATO  military  needs? 


Author/Presenter’s  reply: 

Our  work  in  MBC  was  in  the  context  of  multi-radio  medium  systems  in  support  of  highly  survivable 
communications  in  hostile  environments.  For  example,  we  implemented  an  MBC/HF  broadcast 
system  which  was  tested  between  STC  and  Latina  in  Italy  for  many  years  in  the  late  eighties. 

This  work  was  documented  and  put  in  the  “freezer”  as  a  result  of  political  developments. 

All  the  features  of  MBC,  particularly  difficulty  of  jamming,  are  of  interest. 
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DISCUSSION 


Discussor’s  name;  C.  Goutelard 


Question/Comment: 

L’experience  que  vous  avez  faite  entre  le  STC  et  le  CRC  donne  dites-vous  des  debits 
satisfaisants.  Cependant,  sur  le  trajet  nocturne,  le  debit  devient  tres  faible,  ce  qui  est  une 
caracteristique  des  communications  HF.  Quelle  solution  adoptez-vous  dans  cette  situation? 

(Translation: 

You  say  that  the  experiment  carried  out  by  STC  and  CRC  gives  satisfactory  rates.  However,  on 
the  nocturnal  path  the  rate  becomes  very  poor,  which  Is  a  characteristic  of  HF  communications. 
What  solution  do  you  adopt  in  this  situation? 


Author/Presenter’s  reply: 

The  ALE  implemented  for  this  link  was  one  based  on  fixed  intervals  since  the  only  existing 
standard  does  not  support  ALM  (Automatic  Link  Maintenance).  Furthermore,  the  ALE  is  also 
very  slow  as  it  was  designed  more  than  a  decade  ago. 

With  an  improved  ALE  linked  to  the  protocol  ARQ  rate  some  improvements  could  be  expected. 
However,  with  HF  there  will  always  be  some  times  when  it  will  be  unavailable.  It  is  free  beyond 
LOS  communications  (it  can  be  shown  that  per  message,  costs  are  many  hundreds  of  times 
smaller  than  SATCOM  in  mobile  applications).  We  have  combined  HF  and  INMARSAT  C  for  a 
data  terminal  that  can  povide  connectivity  24  hr;  -90%  of  the  time  on  HF  10%  on  SATCOM,  etc. 
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1.  INTRODUCTION 

Many  transmission  channels,  like  the  radio  channel  or  the 
tropospheric  channel,  are  frequency  selective  and  time 
variable.  Receivers  designed  for  this  type  of  transmission 
have  to  fight  against  intersymbol  interference  generated  by 
the  multiple  paths  and  at  the  same  time  adapt  to  the  time 
variations  of  the  channel.  Only  with  progress  in  digital 
technology,  leading  to  the  application  of  new  concepts  of 
advanced  equalization  and  error  correcting  codes,  will  good 
quality,  high  bit  rate  transmission  become  achievable  on  this 
type  of  channel. 

This  article  covers  high  bit  rate  communications  (of  the 
order  of  8  Mbit/s).  The  first  part  discusses  the  special 
features  of  the  tropospheric  channel  and  system  aspects  that 
must  be  considered  when  attempting  a  complete  definition  of 
a  communication  system  on  this  channel. 

The  second  part  describes  two  waveforms,  associated  with 
their  respective  receivers,  designed  to  meet  the  requirements 
identified  in  the  first  part.  The  first,  designed  for  a  single¬ 
carrier  modulation  system,  is  based  on  an  architecture 
combining  equalization,  decoding  and  deinterleaving.  This 
method,  introduced  by  R.  Mehlan  and  H.  Meyr  in  [2]  and 
[3],  is  called  Combined  Equalization  and  Decoding  (CED) 
in  the  remainder  of  this  article.  The  second  is  a  single¬ 
carrier  alternative  known  as  Coded  Orthogonal  Frequency 
Division  Multiplexing  (COFDM),  adopted  for  digital  audio 
broadcasting  (DAB),  and  envisaged  for  digital  terrestrial  TV 
broadcasting  [4-6]. 

In  the  second  part,  we  attempt  to  compare  these  two  methods 
in  terms  of  Bit  Error  Rate  (BER),  obtained  by  simulations  in 
conditions  approximating  a  real  link,  and  in  terms  of 
difficulty  of  implementation. 

2,  TROPOSPHERIC  CHANNEL 
TRANSMISSION  SYSTEM 

2.1  The  tropospheric  channel 

Over-the-horizon  communication  on  the  tropospheric 
channel  highlights  the  phenomena  of  scatter  brought  about 
by  atmospheric  heterogeneity.  The  receiving  beam  eaptures 
a  fraction  of  the  energy  of  the  scattered  transmitting  beam,  in 
the  volume  common  to  both  beams,  known  as  the  scatter 
volume  (or  "common  volume").  Propagation  loss  is  on 
average  much  higher  than  on  a  line-of-sight  link  and  subject 
to  rapid,  major  variations  due  to  the  instability  of  the  scatter 
volume.  As  this  behaves  like  a  transmitter  comprising  a 
large  number  of  individual  sources  of  virtually  identical 
amplitudes  but  random  phase,  it  can  be  shown  that  the 
tropospheric  channel  conforms  to  a  Rayleigh  statistic. 


Assuming  Wide  Sense  Stationary  Uncorrelated  Scatter 
(WSSUS),  the  channel  can  be  fully  characterized  by  the 
Scattering  Function  [1],  which  gives  the  power  spectral 
density  of  each  of  the  delayed  paths.  This  function  can  be 
summed  up  by  two  parameters:  coherence  band  Be  and 
coherence  time  Tc- 

The  coherence  band  is  the  minimum  frequency  separation 
between  two  signals  affected  by  uncorrelated  fading.  It 
therefore  characterizes  the  frequency  selectivity  of  the 
channel.  For  a  single-carrier  signal  occupying  a  band  W,  the 
spread  of  intersymbol  interference  and,  because  of  this,  the 
complexity  of  the  receiver,  is  inversely  proportional 
to  BcIW. 

The  coherence  time  is  defined  as  the  time  interval  in  whieh 
channel  variations  are  strongly  correlated.  When  high,  deep 
interleaving  must  be  used,  which  introduces  significant 
delays,  or  latencies.  When  low,  the  receiver  must  be  able  to 
follow  rapid  variations  in  the  channel's  impulse  response. 

Elsewhere,  the  Be  and  Tc  parameters  which  characterize  the 
short  term  statistical  behaviour  of  the  channel,  are  subject  to 
slow  variations  at  different  times  of  the  year.  Measurements 
taken  on  real  channels  have  shown  that  the  variation  ranges 
of  Be  and  Tc  could  be  as  high  as  two  orders  of  magnitude. 

This  long  term  variation  phenomenon  brings  with  it  a  major 
difficulty  when  it  comes  to  dimensioning  a  transmission 
system  that  is  required  to  offer  a  high  level  of  availability 
(typically  99.9%  of  the  hours  in  a  year).  The  waveform  and 
associated  signal  processing  devices  must,  in  practice, 
provide  a  specified  level  of  performance  across  the  entire 
range  of  parameter  variations  on  the  channel. 

2.2  System  considerations 

To  overcome  fading,  troposcatter  transmission  entails  the  use 
of  diversity  techniques.  It  has  been  shown  that  BER 
performance  improves  with  the  order  of  diversity,  tending 
asymptotically  towards  that  of  the  gaussian  channel  when 
this  channel  tends  to  infinity. 

The  diversity  techniques  routinely  used  in  troposcatter 
transmission  are  explicit: 

•  frequency  diversity,  which  entails  sending  the  same 
signal  simultaneously  on  a  number  of  frequencies. 

•  space  diversity,  in  which  the  signal  is  received  on  a 
number  of  sufficiently  distant  antennas.  This  costly 
solution  does  save  on  frequency  spectrum.  It  is  often 
linked  to  frequency  diversity. 

•  angle  diversity,  which  enables  the  signal  to  be  captured 
from  two  different  scatter  volumes  using  a  special 
antenna.  This  method  is  beneficial  with  high  gain 
antennas. 


Paper  presented  at  the  AGARD  SPP  Symposium  on  “Digital  Communications  Systems:  Propagation  Effects, 
Technical  Solutions,  Systems  Design",  held  in  Athens,  Greece,  18-21  September  1995  and  published  in  CP-574. 
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Figure  1 :  Antenna/power  selection  zone 


Diversity  techniques  associated  with  the  waveform,  obtained 
by  spread  spectrum,  encoding  and  interleaving,  implicit  in 
that  they  do  not  require  large,  costly  equipment,  seem 
promising.  This  is  why  we  have  chosen  to  explore  these 
techniques  in  this  comparative  study. 

System  engineering  consists  in  choosing  the  tropospheric 
station  architecture  in  terms  of  component  dimensioning,  to 
create  conditions  favourable  to  reception.  Thus,  reducing 
the  antenna  diameter  reduces  the  coherence  band  and 
enables  the  implicit  diversity  associated  with  the  multiple 
paths  to  be  increased.  However,  in  this  case,  the  transmitted 
power  must  be  increased  to  maintain  an  EIRP  which  satisfies 
the  link  budget.  Amplifier  technology  then  becomes  a 
limiting  factor. 

So,  conditions  favourable  to  transmission  on  the 
tropospheric  channel  can  be  created  by  adjusting  the 
antenna/power  pairing,  but  only  within  the  limitations 
imposed  by  link  budget  and  technological  constraints. 
Figure  1  gives  a  qualitative  illustration  of  this  trade-off.  For 
high  bit  rates,  it  can  be  seen  that  the  choice  is  very  limited. 

2.3  Channel  model 

Many  theoretical  models  of  the  tropospheric  channel  were 
developed  in  the  1970s  ([7]  and  [8]).  These  models  are  used 
to  predict  channel  parameters  on  the  basis  of  physical  data 
(antenna  diameter,  distance,  etc),  but  do  not  give  long  term 
variations  of  coherence  band  and  time.  This  omission  was 
corrected  by  C.  Collin  and  A.  Marguinaud  in  [9]  and  [10], 
by  proposing  an  empirical  method  for  predicting  fluctuations 
in  these  parameters.  The  table  below  shows  how  this 
method  can  be  applied  in  the  case  of  a  typical  200  km  link 
with  a  bit  rate  of  8  Mbits/s.  In  this  table,  Bq.i,  B50  and  B99 
are  defined  by  the  probabilities; 


p{B<Boi)=0.l%,  p(B<B5o)=50%  and  p(B<B99.9)=99.9%. 


0  ant.(m) 

P(kW) 

Bo.i  (MHz) 

B50  (MHz) 

B99.9(MHz) 

3 

8 

0.64 

2.25 

8 

4.5 

2 

1.1 

3.8 

13.4 

6 

1 

1.5 

5.2 

18.4 

8 

.5 

2 

6.9 

24 

The  power  distribution  of  the  delayed  paths  is  given  by  the 
Multipath  Intensity  Profile  (MIP),  defined  in  greater  detail  in 
[1]. 


In  simulations,  a  "Gamma"  function  MIP  was  used  [11]. 
This  widely  used  function  is  a  good  approximation  of  the 
expression  given  in  [7],  particularly  at  low  carrier 
frequencies  (up  to  2  GHz).  The  variance  of  delayed  paths  is 
given  by  the  following  equation: 


tT^(T)  =  X  exp|— n/sb,,  rj 

(1) 

3. 

DESCRIPTION  OF  THE 
CHOSEN 

SOLUTIONS 

3.1 

Single-carrier  system 

3.1.1 

History  of  CED 

The  first  systems  developed  for  digital  transmission  were 
based  on  single-carrier  waveforms  which  were  the  subject  of 
widespread  research  into  their  definition  (modulation, 
encoding,  interleaving)  and  the  receiver  structure 
(equalization  and  synchronization). 

These  (de)modulation,  (de)coding  and  (dis)interleaving 
operations  were  initially  researched  and  optimized 
separately.  A  new  line  of  research  was  how  to  combine 
these  functions  to  improve  overall  performance. 

Trellis  coded  modulation  (TCM)  techniques  are  one  result  of 
this  research.  By  combining  modulation  and  coding,  error 
ratio  performance  has  been  improved  without  compromising 
spectral  efficiency.  [12]  and  [15]  describe  particularly 
powerful  TCM  techniques  for  fading  channels. 

Having  combined  coding  and  modulation,  why  not  combine 
TCM  equalization  and  decoding,  since  the  code  and  the 
channel  have  similar  convolutional  effects  on  the  signal, 
which  can  be  processed  by  the  Viterbi  algorithm?  This  is  the 
principle  of  "supertrellis"  coding  [16]  and  of  its  derivatives 
with  fewer  states  [18]  and  [19].  Unfortunately,  this  process 
is  less  effective  for  fading  channels,  because  its  structure 
does  not  allow  for  the  insertion  of  an  interleaving  device 
between  the  encoder  and  the  modulator,  so  the  decoder 
operates  on  highly  correlated  symbols.  More  recently,  R. 
Mehlan  and  H.  Meyr  proposed  a  method  combining 
equalization,  deinterleaving  and  decoding  (CED)  [2,  3]. 
Because  its  performance  characteristics  are  good  and  it  is 
relatively  simple  to  implement,  this  was  the  method  adopted 
for  our  evaluation. 

3.1.2  Description  of  the  single-carrier  solution 

Figure  2  shows  a  ftmctional  block  diagram  of  the 
transmission  system.  On  transmission,  the  symbols  are 
interleaved  in  blocks  after  convolutional  encoding,  and  then 
modulated.  On  reception,  the  signal  is  converted  to 
baseband  and  filtered,  then  input  to  a  whitening  matched 
filter  and  forwarded  to  the  CED  function  where  it  is 
deinterleaved  and  further  equalized  and  decoded. 

On  output  from  the  filter,  the  intersymbol  interference  is 
causal  and  the  gaussian  noise  samples  are  independent.  This 
architecture  is  akin  to  that  proposed  by  Forney  in  [17]. 
Figure  3  contains  an  equivalent  representation  of  the 
transmission  subsystem,  in  which  F  is  the  equivalent  filter 
obtained  by  concatenating  the  channel  and  the  whitening 
matched  filter. 

On  transmission,  the  symbols  are  written  in  rows  in  the 
interleaving  matrix  which  measures  PxQ  and  read  in 
columns.  Each  column  comprises  Nr  reference  symbols  and 
P-Nr  coded  information  symbols.  The  first  Nr  rows  of  the 
matrix  therefore  contain  known  symbols. 
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Figure  2  :  Functional  block  diagram  of  the  single-carrier 
system 


a* 


Figure  3  :  Equivalent  diagram 

Figure  4  shows  the  decoding  matrix,  before  the  start  of  the 
algorithm,  the  basic  principle  of  which  is  to  equalize  in 
columns  and  decode  in  rows.  Equalization  entails  knowing, 
for  each  column,  the  values  of  the  equivalent  filter's 
coefficients^'.  These  are  estimated  using  the  known  symbols 
in  the  interleaving  matrix. 

The  channel  estimation  frequency  must  be  based  on 
coherence  time.  Since  the  channel's  rate  of  change  is  slow 
with  regard  to  the  transmitted  bit  rate,  it  has  been  assumed 
that  this  estimation  is  performed  once  every  interleaving 
frame,  which  leaves  a  high  degree  of  freedom  in  choosing 
the  size  of  the  matrix  (PxQ  <  16.  lO"^  in  the  worst  case). 

If  is  the  post-interleaving  symbol  obtained  at  time  k.Ts 
(where  Tg  is  the  symbol  time)  and  F=[fo,  ...,  /l-;},  the 
impulse  response  of  the  equivalent  channel,  the  signal 
sample  received  at  time  k.Ts,  can  be  written: 


L-1 

h  -  ^  H  with  ISI=  Z  (2) 

1  =  1 

where  n^t  is  the  gaussian  white  noise  sample  obtained  at  time 
k.Ts.  Since  the  are  introduced  in  the  CED  matrix  column 
by  column,  the  ISI  can  be  calculated  from  the  L-1  symbols  in 
the  same  column,  but  on  the  previous  rows  and  on  which 
decisions  have  already  been  taken.  This  ISI  term  is 
subtracted  from  and  the  resulting  signal  is  output  to  the 
Viterbi  decoder  which,  after  a  decoding  cycle,  outputs 
decision  ,  where  T  is  the  decoder's  truncating  length. 
The  decoded  symbol  is  then  recoded  and  returned  to 
the  deinterleaving  matrix  at  the  point  where  it  was  stored 
T-l-  The  process  is  then  repeated  for  all  the  samples  in  the 
matrix.  Inasmuch  as  Q  is  greater  than  T,  it  is  possible  to 
prove  that  the  decisions  needed  to  calculate  the  term  ISI  are 
always  available. 

The  effectiveness  of  Mehlan's  algorithm  can  be  understood 
intuitively.  The  algorithm  is  a  decision  feedback  equalizer 
(DEE),  in  which  the  term  reinjected  before  the  decision  unit 
is  computed  from  symbols  tested  by  the  decoding  operation 
(and  not,  as  in  a  conventional  DEE,  from  decisions).  Error 
propagation,  which  is  a  major  source  of  impairment  at  low 
signal-to-noise  ratios,  particularly  when  the  channel  is  highly 
selective,  is  greatly  reduced. 
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Figure  4  :  CED  matrix  before  the  start  of  decoding 


Figure  5  :  Diagram  comparing  DFE  and  CED 


Figure  5  shows  the  parallels  between  the  two  methods. 

Equation  (2),  adapted  from  [2],  gives,  in  terms  of  transition 
probability  for  a  channel  without  memory,  the  asymptotic 
performance  figures  of  the  CED  based  on  the  length  of  the 
shortest  error  event  d,  the  signal-to-noise  ratio  Yb  and  the 
number  of  paths  of  the  equivalent  channel  L  : 

P(a,a)  =  C.(rj  y,)'""  (3) 

in  which  C  and  7]  are  corrective  terms  which  depend  on  the 
code  and  the  path  power  distribution.  This  equation  shows 
that  the  equivalent  order  of  diversity,  given  by  the  slope  of 
the  curve  (L.d),  increases  with  the  selectivity  of  the  channel 
and  that  very  high  equivalent  orders  of  diversity  can  easily 
be  obtained  (typicrfly  192,  taking  d=6  and  L=32). 
Simulations  have  shown  that  the  approximation  given  by  (3) 
was  very  optimistic  (in  particular  because  of  the  constant  C 
which  can  take  very  high  values). 

3.1.3  Determining  the  main  parameters 

The  parameters  of  the  system  (mainly  the  size  of  the  filters, 
the  interleaving  matrix  and  the  reference  pattern)  must  be 
determined  to  satisfy  the  "worst  case"  configuration  obtained 
when  coherence  band  and  time  are  minimum. 

Simulations  have  shown  that  the  minimum  number  of 
coefficients  for  the  whitening  matched  filter  (excluding 
oversampling)  ought  to  be  at  least  equal  to  L-IBc.TsI.  In 
these  conditions,  the  equivalent  channel  also  has  a  spread  of 
L  symbols.  Nr,  which  is  the  number  of  reference  symbols  in 
each  column  of  the  interleaving  matrix,  must  therefore  be  at 
least  equal  to  L.  Also,  the  number  of  columns  Q  is 
determined  by  the  code  constraint  length  {Q  >  5.Lc).  The 
reference  insertion  loss  is  P/(P-Nr).  This  loss  can  be  made 
arbitrarily  low  by  increasing  the  value  of  P,  but  at  the  cost  of 
the  risk  of  error  propagation.  In  addition,  setting  P  and  Q 
high  increases  the  depth  of  interleaving  and  enhances 
performance.  Nevertheless,  the  rate  of  change  of  the  channel 
and  the  transmission  delay  caused  by  interleaving  limit  the 
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size  of  the  CED  matrix,  The  trade-off  chosen  for  the 
simulations,  after  a  number  of  evaluations  is:  A^r  =  31,  P  = 
100  and  Q  =  50. 

3.2  COFDM 


3.2.1  Definition 

Coded  Orthogonal  Frequency  Division  Multiplexing 
(C)OFDM  was  adopted  by  the  CCETT  for  its  digital  audio 
broadcasting  (DAB)  requirements  [4-6].  The  transmission 
channel  is  a  radio  channel,  affected  by  fading  due  to  the 
multiple  paths  and  similar  in  quality  to  the  tropospheric 
channel. 

The  principle  of  OFDM  is  to  divide  information  over  a  large 
number  of  carriers  modulated  at  low  speed,  for  which  the 
channel  is  non-selective.  The  carriers  are  spaced  so  that  they 
are  at  right  angles.  The  absence  of  a  guard  band  between 
carriers  ensures  good  spectral  efficiency.  A  guard  time,  at 
least  equal  to  the  length  of  the  impulse  response  of  the 
channel,  is  used  to  absorb  intersymbol  interference  and,  in 
addition,  facilitates  synchronization.  The  stmcture  of  the 
OFDM  signal  allows  for  the  use  of  fast  Fourier  transform 
(FFT)  algorithms  in  transmit  and  receive  modes. 

To  obtain  good  performance  on  a  fading  channel,  it  is  vital 
to  use  coding  and  interleaving.  The  purpose  of  interleaving 
is  to  optimize  the  spread  of  the  symbols  in  time  and 
frequency,  so  that  the  decoder  can  operate  in  favourable 
conditions,  in  other  words,  conditions  close  to  those  of  a 
channel  without  memory. 

Figure  6  is  a  functional  block  diagram  of  the  transmission 
subsystem  for  the  COFDM  system  used. 

3.2.2  Principle  of  demodulation  and  decoding 

If  the  guard  interval  satisfies  the  conditions  set  out  in  the 
section  above,  there  is  no  intersymbol  interference. 
Assuming  this,  the  signal  sample  recovered  after  the  receive 
FFT  for  block  k  and  on  carrier  i  can  be  expressed: 

rfk)  =  hXk).c,{k)+n,(k)  (4) 

where  hfk)  is  the  complex  coefficient  of  attenuation 
introduced  by  the  channel  (equal  to  the  Fourier  transform  of 
the  change!  impulse  response,  cumulated  at  the  frequency 
of  the  i*"  carrier),  ci(k)  is  the  k^"  symbol  transmitted  on 
carrier  i  and  nfk)  is  the  gaussian  noise  sample  on  carrier  i  for 
block  k. 

In  coherent  demodulation,  the  optimal  decoding  metric 
applicable  to  phase  modulations  can  be  expressed: 

m{z,a,h)  =  Re|z./j*.a*)  (5) 

where  a  is  a  coded  symbol,  z  is  the  output  of  the  channel, 
and  h  is  the  attenuation  coefficient  of  the  channel  for  the 
output  concerned.  The  weighting  operation  can  be  used  to 
favour  reliable  symbols  (those  that  are  weakly  attenuated) 
over  unreliable  symbols  when  decoding.  This  Channel  State 
Information  is  estimated  by  the  receiver  using  reference 
symbols  periodically  inserted  into  each  carrier. 

Weighting  can  be  performed  outside  of  and  uplink  from  the 
Viterbi  decoder,  so  the  metric  (5)  allows  for  the  use  of  a 
conventional  decoding  component.  This  means  that  the 
sequence  of  processes  can  be  performed  as  indicated  in 
Figure  6. 


Figure  6  :  Block  diagram  of  a  multi-carrier  system 


3.2.3  Determining  the  parameters 

The  guard  time  T  is  determined  from  the  channel's  maximum 
impulse  response  spread.  If  Np  is  the  number  of  carriers 
active,  and  Ds  the  total  symbol  bit  rate,  the  loss  due  to  the 
insertion  of  guard  times  is  equal  to: 

7]  =  (l  -  T.  DjN^ )  '  with  >  T.  (6) 

This  loss  can  be  made  arbitrarily  low  by  increasing  the 
number  of  carriers.  However,  the  maximum  value  is  limited 
by  the  coherence  time  of  the  channel  according  to  the 
relation:  Np<<  Tc.Dg.  The  compromise  must  also  take  into 
account  that  carrier  sync  losses  (frequency  difference  and 
phase  noise)  increase  sharply  when  the  bit  rate  per  carrier  is 
reduced  (see  [6]).  All  of  these  considerations  have  led  us  to 
take  A^y,=128,  which  causes  an  insertion  loss  of  0.9  dB,  when 
t=3  ^s  (=l.5/Bcmin)  and  Di=8.10^  symbols  per  second. 

The  dimensioning  of  the  interleaving  function  is  cmcial.  It 
must  be  set  so  that  two  consecutive  symbols  are  affected  by 
uncorrelated  fadings.  To  remain  close  to  the  single-carrier 
solution,  we  will  consider  an  interleaving  matrix  of  size 
PxQ.  Also,  we  will  assume  that  the  channel  remains 
constant  over  an  interleaving  block.  This  is  a  pessimistic 
assumption,  which  is  tantamount  to  assuming  that  temporal 
diversity  cannot  be  used.  However,  this  assumption  is 
realistic,  bearing  in  mind  the  limitations  on  the  transmission 
times,  bit  rates  and  coherence  times  involved.  A  number  of 
disastrous  interleaving  situations  have  been  identified: 

•  P  =  kN  :  two  consecutive  symbols  are  always  on  the 
same  carriers. 

•  Af  =  kF  :  the  same  carrier  supports  symbols  spaced  by  k. 
To  be  avoided  when  k  is  less  than  the  code  constraint 
length  L^. 

•  Q<Lc  '.  symbols  spaced  by  Q  are  sent  on  two  adjacent 
carriers. 

Figure  7  shows  the  influence  of  the  interleaving  parameters 
on  the  bit  error  ratio  for  a  fixed  channel.  It  appears  that  there 
are  many  substantially  equivalent  combinations. 

4.  COMPARISON  OF  THE  TWO  METHODS 

The  two  methods  are  compared  in  terms  of  sensitivity  to 
non-linearities  and  complexity  of  implementation. 

4.1  Influence  of  non-linearities 

Troposcatter  transmission  systems  employ  high  power 
amplifiers  that  should  be  able  to  be  used  at  maximum  output. 
These  amplifiers,  when  used  at  their  saturation  level, 
introduce  non-linear  distortions,  the  magnitudes  of  which 
depend  on  fluctuations  in  the  envelope  of  the  transmitted 
signal.  For  a  signal  with  constant  (or  quasi-constant) 
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envelope  obtained  by  single-carrier  phase  modulation,  the 
amplifier  can  be  used  at  its  saturation  power  level  without 
significantly  impairing  performance.  In  OFDM,  because  of 
the  wide  variation  range  of  the  signal  envelope,  it  is 
important  to  allow  a  significant  back-off.  The  OFDM 
solution  is  therefore  worse  affected  than  the  single-carrier 
solution  in  real-life  operating  conditions.  These  losses  are 
explained  in  the  section  on  simulations. 

For  our  evaluation,  we  have  assumed  the  use  of  a  TWT. 
Using  Saleh's  model  [20],  the  amplitude-amplitude  and 
amplitude-phase  conversion  formulae  are: 

O..A 

8(A)  = - -  and  (p(A)= - -  (7) 

^+l)<fA 

where: 

aA  =  l  ^A  =  0.25  acp  =  0.26  and  =  0.25 
The  Output  Back-Off  (OBO)  is  defined  by: 

OBO  =  101og(^|-j  (8) 

where  Ps  is  the  saturation  power  of  the  amplifier  and  Pq  the 
average  output  power.  By  increasing  the  OBO,  in  other 
words  by  converging  towards  the  linear  zone,  signal 
distortions  can  be  reduced,  but  with  a  loss  of  transmitted 
power.  There  is  therefore  an  optimum  back-off  which 
minimizes  the  combination  of  degradation  due  to  distortion 
and  degradation  due  to  power  loss. 

Figure  8  represents  the  bit  error  ratios  of  the  two  system  on  a 
gaussian  channel,  with  or  without  non-linearities.  As 
predicted,  it  can  be  seen  that  the  COFDM  system  is  far  more 
sensitive  than  the  single-carrier  system.  However,  the 
respective  degradations  of  COFDM  systems  with  64  and 
1024  carriers  are  significantly  the  same,  while  the  dynamic 
range  of  the  1024-carrier  signal  is  greater. 

The  table  below  gives  the  minimum  degradations  due  to 
non-linearities  and  the  optimum  back-off  on  a  gaussian 
channel,  for  a  BER  of  10  '*. 


Single 

COFDM  64 

COFDM  1024 

OBOopt  (dB) 

1.2 

2.1 

2.5 

losses  (dB) 

1 

3.5 

3.5 

These  results  were  obtained  in  the  following  configuration: 
QPSK  modulation,  cosine  filtered,  boosted  with  0.5  roll-off 
(in  single-carrier  mode),  (7,1/2)  code. 

We  will  assume  in  the  discussion  below  that  the  losses 
incurred  by  non-linearities  for  the  single-carrier  waveform 
are  less  than  1  dB.  It  is  important  to  remember  that  single¬ 
carrier  mode  losses  can  be  made  arbitrarily  low,  even  zero, 
by  changing  the  signal  filtering  arrangements.  For  COFDM, 
we  will  try  to  identify  the  best  operating  point. 

4.2  Complexity 

The  complexity  of  each  method  is  estimated  by  the  number 
of  complex  multiplications  for  each  demodulated  symbol. 
This  method  of  comparison,  recommended  by  its  very 
simplicity,  is  clearly  imperfect  since  it  does  not  take  into 
account  differences  in  hardware  architecture,  which  are  at 
least  as  important  in  an  estimation  of  complexity/cost  as  pure 
computation  power. 

In  this  comparison,  we  will  exclude  those  functions  assumed 
to  be  of  equivalent  complexity,  such  as  synchronization, 
channel  estimation  and  decoding.  The  term  operation  is 
used  below  to  mean  a  complex  multiplication. 


Figure  7  :  BER  as  a  function  of  interleaving 


In  the  single-carrier  solution,  the  whitening  matched 
filter  (of  L  coefficients)  requires  L  operations  uer 
symbol,  and  computing  its  coefficients  requires  2l+\ 
operations  per  interleaving  block.  Computation  of  the  ISI 
term  also  entails  L  operations  per  symbol.  The 
total  number  of  operations  per  symbol  is  therefore 
CsinGLE(L)=  21^{2lK\)I(P.Q)  » IL. 

In  the  single-carrier  solution,  the  processing  of  a  block  of  Np 
symbols  entails  calculating  two  FFTs  (transmit  +  receive)  of 
size  Np.  In  reality,  the  FFT  size  is  normally  between  \.5.Np 
and  2.Np,  taking  into  account  the  guard  carriers  provided  to 
lighten  the  specifications  of  the  anti-aliasing  filter  and 
because  it  is  necessary  to  use  a  power 
of  2.  Also,  weighting  before  decoding  entails  one  operation 
per  symbol.  The  total  number  of  operations  per  symbol  is 
therefore:  \+l.{Vi.Np.\og2{Np))INp  ~  log2(A^p).  The  number 
of  carriers  is  determined  according  to  permitted  insertion 
losses.  If  losses  of  1  dB  are  allowed,  as  in  (6)  this  should 
give:  Np  ~  5.L  (with,  as  before,  L  =  1.5  Dg/Bc).  Because  of 
this,  the  complexity,  expressed  as  a  function  of  L,  is: 
CcOFDMiL)=  \og2(5.L). 

The  ratio  Csingle(1)ICc0FDMUA  is  therefore  always 
greater  than  1  (provided  that  L>1),  and  increases  sharply 
with  channel  selectivity.  This  is  the  conventionally 
recognized  advantage  of  COFDM  when  compared  with  a 
time  domain  equalizer.  However,  as  suggested  in  [6]  for  a 
linear  equalizer,  filtering  in  the  single-carrier  method  can 
also  be  implemented  in  the  frequency  domain.  In  this  case, 
the  complexity  of  the  single-carrier  solution  is  in  log(L),  and 
the  complexity  of  the  two  methods  becomes  comparable. 

4.3  Performance  simulation 

The  two  waveforms  were  compared  for  three  coherence  band 
values:  Bq  =  0.5,  3  and  10  MHz.  The  bit  rate  is  taken  to  be 
8  Mbits/s.  A  convolutional  code  (7,'/2)  with  a  polynomial 
generator  (133,  171)  in  octal  was  used.  The  modulation 
method  was  QPSK.  The  bit  rate  after  coding  and  modulation 
is  therefore  8.10°  symbols  per  second.  In  this  article,  we 
have  not  placed  any  emphasis  on  optimizing  the  code  in 
order  to  base  the  comparison  of  the  two  waveforms  on  a 
conventional  code. 

A  long  coherence  time  has  been  assumed  compared  to  the 
duration  of  an  interleaved  block,  for  computation  time 
reasons.  The  simulation  principle,  for  both  methods,  was 
based  on  taking  a  random  channel  for  each  new  block  of  data 
(the  channel  of  block  N  is  independent  of  the  channel  of 
block  N-\).  The  performance  figures  obtained  are  therefore 
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very  close  to  those  for  a  channel  with  arbitrarily  long 
coherence  time  and  can  therefore  be  qualified  as  "worst 
case". 

The  table  below  gives  the  values  of  the  key  waveform 
parameters,  determined  in  accordance  with  the 
considerations  set  out  in  the  third  part. 


Single 

Nr 

31 

PxQ 

100x50 

L 

35 

77(dB) 

1.17 

COFDM 

Np 

128 

Guard 

3  ps 

P^Q 

14x64 

J7(dB) 

0.9 

Nr  is  the  number  of  reference  symbols  per  column,  PxQ  is 
the  interleaving  size,  L  is  the  number  of  whitening  filter 
coefficients  and  t]  is  the  insertion  losses. 

Figures  8,  9  and  10  show  the  performance  levels  for  both 
waveforms  for  all  three  coherence  band  values  considered. 
To  evaluate  the  losses  due  to  error  propagation  in  the  CED, 
figure  12  also  contains  an  ideal  CED  in  which  the  symbols 
used  to  calculate  the  ISI  term  are  error-free.  Asymptotically, 
the  CED  performance  levels  tend  towards  those  of  a  perfect 
equalizer.  However,  when  the  channel  is  selective  {Be  =  0.5 
MHz),  for  normal  BER  levels  there  remains  a  difference  of 
approximately  0.7  dB:  since  the  channel  memory  is 
significant,  an  error  on  one  estimated  symbol  can  result  in  a 
very  long  packet  of  errors.  This  figure  shows  that  CED 
performance  levels  improve  with  channel  selectivity,  in  line 
with  equation  (3). 

On  a  linear  channel,  the  performance  levels  of  the  two 
methods  are  similar.  In  reality,  the  COFDM  method  behaves 
like  an  ideal  CED  in  which  ISI  is  perfectly  corrected,  while 
the  CED  is  affected  by  error  propagation,  particularly  at  low 
signal-to-noise  ratios.  On  a  non-linear  channel,  it  can  be 
seen  that  the  COFDM  method  (simulated  with  the  optimum 
OBO  value)  suffers  very  significant  degradation  while  the 
degradation  of  the  single-carrier  method  is  around  1  dB. 
The  performance  differs  by  between  5  and  7  dB  according  to 
the  value  of  in  favour  of  the  single-carrier  method. 

5.  CONCLUSION 

Having  reviewed  the  specific  features  of  the  tropospheric 
channel,  we  have  demonstrated  the  importance  of  the  choice 
of  antenna/power  pairing  in  defining  a  tropospheric  station. 
We  then  went  on  to  describe  and  analyze  two  waveforms 
particularly  well  suited  to  the  constraints  identified  in  the 
preceding  part.  The  first,  based  on  single-carrier 
modulation,  is  associated  with  a  receiver  which  handles  both 
equalization  and  decoding.  The  second  is  a  single-carrier 
alternative,  COFDM,  adopted  for  European  digital  audio 
broadcasting. 

The  comparative  simulations  performed  in  similar 
conditions,  showed  that  the  two  methods  were  virtually 
equivalent  in  the  case  of  a  linear  channel.  In  more  realistic 
conditions,  taking  into  account  non-linearities  of 
amplification,  it  appears  that  the  OFDM  method  is  broadly 
affected  by  its  high  sensitivity,  while  losses  in  single-carrier 
mode  are  negligible.  To  obtain  the  same  BER  performance 
levels  it  is  essential  to  use  an  amplifier  with  a  power  of 
approximately  6  dB  greater  in  COFDM  mode. 


A  quick  comparison  of  complexity  reveals  that  the  COFDM 
method  is  more  advantageous,  particularly  for  very  selective 
channels.  However,  if  the  very  realistic  possibility  of 
filtering  in  the  frequency  domain  is  taken  into  account  for 
the  single-carrier  solution,  the  two  methods  become 
equivalent. 

Finally,  when  the  channel  is  not  very  frequency  selective,  the 
performance  levels  of  the  two  methods  are  limited  by  the 
implicit  absence  of  diversity.  In  this  case,  it  becomes 
necessary  to  use  an  additional  diversity  technique  such  as 
Frequency  Hopping,  which  is  compatible  with  both  methods. 
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Figure  8  :  Influence  of  non-linearities 


Be  =  10  MHz 


Be  =  3  MHz 


Figure  10  :  COFDM  /  Single-carrier  comparison 


Be  =  0.5  MHz 


Figure  11 :  COFDM  /  Single-carrier  comparison 


Figure  12  :  CED  behaviour 


Figure  9  :  COFDM  /  Single-carrier  comparison 
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DISCUSSION 


Discusser’s  name:  L.  Hoff 


Comment/Question: 

1 .  Have  you  investigated  how  long  your  adaptive  equalization  circuits  require  to  adapt  to  the 
channel? 

2.  Are  you  primarily  concerned  with  point-to-point  full-period  termination  communication  links? 


Author/Presenter’s  reply: 

1 .  No.  Computer  simulations  evaluated  the  performance  after  circuits  had  adapted. 

In  fact,  DFE  (in  the  LED)  is  immediately  adapted  to  the  channel  due  to  known  training  symbols 
and  perfect  channel  estimation. 


2.  Yes. 
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COMPARISON  OF  RLS  ADAPTIVE  ARRAY  ALGORITHMS  IN 
A  STRONG  MULTIPATH  PROPAGATION  ENVIRONMENT 

D.  Peeters 

E.  Van  LiP 
K.U.  Leuven 

Div.  ESAT-TELEMIC 
Kard.  Mercierlaan  94 
B-3001  Heverlee 
Belgium 


Summary 

Most  of  the  algorithms  for  spatial  multiplexing 
are  tested  under  simple  multipath  conditions. 

In  this  paper  a  more  complete  and  realistic 
model  for  the  communication  channel  is  de¬ 
scribed,  taking  into  account  local  dispersion, 
Doppler-shift,  multipath  propagation  and  ther¬ 
mal  noise.  Based  on  this  model,  a  program  has 
been  written  to  actually  compute  the  effect  of 
the  complex  environment  on  the  signals.  The  nu¬ 
merical  data  for  the  multipath  effect  were  taken 
from  the  GSM  Recommendation  05.05  ’Radio 
Transmission  and  Reception’.  With  the  results 
of  this  propagation  simulation  program,  algo¬ 
rithms  of  the  RLS  type  are  compared.  It  is  found 
that  the  difference  in  performance  between  the 
S-RLS  algorithm  and  the  QR-RLS  algorithm  is 
negligible.  Because  of  the  limited  length  of  the 
training-sequence,  the  number  of  coefficients  to 
be  determined  must  be  kept  low.  Additional 
time-equalization  does  not  improve  the  reception 
substantially.  Also,  due  to  the  Rayleigh  fading, 
the  amelioration  of  the  reception  at  decreasing 
noise  levels  stagnates. 

1  Introduction 

Antenna  diversity  has  been  introduced  to  im¬ 
prove  the  reception  of  signals  in  wireless  and  mo¬ 
bile  communication  systems  [1].  The  signals  on 
the  different  antennas  were  supposed  to  be  sta,- 

‘National  Fund  for  Scientific  Research  (NFWO), 
Belgium. 


tistically  uncorrelated,  so  that  no  deep  fades  oc- 
cured  on  all  antennas  at  the  same  time. 

Antenna  adaptivity  differs  from  early  antenna 
diversity  in  that  the  correlation  of  the  signal  on 
the  different  antennas  is  exploited  to  our  bene¬ 
fit.  Unwanted  signals  are  namely  made  to  in¬ 
terfere  destructively  by  choosing  the  appropri¬ 
ate  (complex)  weights  in  the  weighted  sum  of 
the  antenna  outputs.  The  advantage  over  time- 
equalization  is  that  signals  uncorrelated  in  time 
with  the  wanted  signal  can  be  suppressed  too. 
Hereby  we  think  of  multipath  reflections  with 
excess  equalizer  length  delay,  and  co-channel  in¬ 
terferences. 

As  an  extension,  adaptive  beamforming  makes 
a  supplementary  kind  of  multiplexing  possible  : 
Space  Division  Multiple  Access  (SDMA).  Diffe¬ 
rent  mobile  or  wireless  stations  using  the  same 
frequency  and  time  slot  can  still  be  discerned  by 
virtue  of  their  spatiaE  separation. 

Several  algorithms  have  already  been  tested, 
neglecting  the  correlation  [2],  or  using  simple 
propagation  circumstances  [3]  [4]  [5].  The  least- 
squares  constant  modulus  algorithm  described 
in  [6]  is  not  quite  suited  for  spatial  multiplex¬ 
ing.  Purpose  of  this  paper  is  to  investigate  the 
performance  of  RLS  algorithms  in  a  more  rea¬ 
listic  propagation  environment.  In  the  following 
section,  the  channel  model  of  [7]  is  adapted  with 
slightly  less  statistical  behaviour,  so  that  the  al¬ 
gorithms  described  in  section  3  can  be  evaluated 
and  compared  in  section  4.  Section  5  concludes 
with  some  remarks. 


^’’Angular”  separation  would  be  more  appropriate. 


Paper  presented  at  the  AGARD  SPP  Symposium  on  “Digital  Communications  Systems;  Propagation  Effects, 
Technical  Solutions,  Systems  Design”,  held  in  Athens,  Greece,  18-21  September  1995  and  published  in  CP-574. 
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2  Signal  and  channel  model 

The  vector  channel  model  of  [7]  is  briefly  re- 
vie^ved  and  slightly  simplified,  focussing  on  short 
term  fading.  The  model  resembles  the  Parsons 
and  Turkman!  channel  model  [8],  with  the  diffe¬ 
rent  signal  paths  somewhat  grouped. 

We  consider  the  up-link  of  several  mobile  sta¬ 
tions  to  one  multiple  antenna  base  station.  The 
base  station  antennas  have  omnidirectional  an¬ 
tenna  patterns  in  azimuth.  Only  azimuthal  an¬ 
gles  are  further  considered  in  the  propagation 
geometry. 

The  complex  baseband  signal  S{t)  to  be  trans¬ 
mitted  is  gmsk  modulated.  The  only  difference 
with  OQPSK  lies  in  the  pulse  shaping,  which  is 
Gaussian  instead  of  cosinusoidal  [9].  Before  the 
transmitted  signal  reaches  the  base  station,  it  is 
first  reflected  from  local  features  (index  q,  from 
1  to  L).  Afterwards,  it  is  reflected  for  a  second^ 
time  from  larger  objects  called  dominant  reflec¬ 
tors  (index  p,  from  1  to  M).  This  gives  rise  to 
the  following  double  summation  [10]: 

M 

X{t)  = 

p=i 

(1) 

q=l 


since  the  attention  is  focussed  on  urban  propaga¬ 
tion.  The  magnitudes  Ap  and  multipath  delays 
Tp  are  taken  from  GSM  Recomm.andation  05.05. 
The  phases  4>p  are  uniformly  distributed. 

Every  mobile  station  gives  rise  to  an  expression 
as  in  (1).  The  contributions  of  all  mobiles  are 
superposed  and  noise  is  added.  This  signal  is 
subsequently  low-pass  filtered  and  sampled  at 
the  optimum^  time  instant.  These  samples  are 
further  processed  by  the  algorithms  described  in 
the  next  section. 


Figure  1:  Definition  of  the  angles  and  parameters 
used  in  the  propagation  model.  A  direct  path 
and  a  reflected  path  are  depicted. 


3  Algorithm 


The  mobile  station  is  moving  with  velocity  V. 
The  local  reflectors  (1..L)  are  uniformly  dis¬ 
tributed  in  space  on  a  circle  with  radius  r  around 
the  mobile  [11],  Figure  1.  Magnitudes  A^^^ 
and  phases  are  uniformly  distributed.  The 
Doppler-shifts  ujp^g  equal  : 

F 

Wp,(j  =  27r/c— cosep,g  (2) 

with  the  angle  between  the  velocity  vector  of 
the  mobile  and  the  position  vector  of  the  local 
reflector  with  index  q.  The  latter  position  vec¬ 
tor  has  its  origin  in  the  centre  of  the  circle  with 
radius  r  (Figure  1). 

The  array  vector  a  is  evaluated  for  angles  Op^q  : 
dp^q  G  '[Op  —  ^Opi  Op  T  A0p] 


For  every  mobile  user  and  on  a  burst  by  burst 
basis,  given  the  desired  outputs^  d{tk)  and  the 
baseband  signal  samples  Xi{tk),  an  overdeter¬ 
mined  set  of  equations  can  be  formulated  with 
the  complex  antenna  weights  Wi  as  unknowns®  : 


(^fc)  —  .  .  .  Xim 


d{h) 

■  XUh)  ' 

_  d(ffc)  _ 

.  A'un) , 

D{k)  =  X{k)W 


Wi 


_  '^m  J 


(3) 

(4) 

(5) 


With  m  equal  to  the  number  of  antennas. 


The  summation  over  q  leads  to  the  well  known 
Rayleigh  fading.  Rice  fading  is  not  treated  here 

^Eventually,  not  always. 


®The  transmitter  symbol  clocks  of  the  mobiles  are  not 
necessarily  in  phase. 

'*The  26  mid  ambule  bits  of  a  GSM  ’normal  burst’, 
is  a  vector,  whereas  X{k)  is  a  matrix. 
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The  total  squared  error  is  defined  as®  ; 
k  k 

£  =  =  (6) 

i=l  i=l 

=  {D{k)- X{k)W)\D{k)  -  X{k)W) 

The  weights  Wi  are  chosen  to  minimize  this 
error  : 

W  =  W{k)  =  [X\k)X{k)]-^X\k)D{k){7) 

(deterministic) 

If  the  mid  ambule  or  training  sequence  length 
would  be  unlimited,  averaging  of  (7)  over  time 
would  lead  us  to  the  following  well-known  sta¬ 
tistical  expression  in  terms  of  auto-  and  cross- 
correlations  : 

W  =  W{k)  =  R^^ji^rxd  (statistic)  (8) 

Expression  (7)  can  readily  be  implemented. 
Other  (recursive)  algorithms  exist  however. 
They  are  known  to  be  numerically  more  robust 
as  they  avoid  calculating  and  inverting  the 
matrix  P~^{k)  —  X^{k)X{k)  explicitly.  In  these 
algorithms,  the  matrix  P{k)  is  initialized  and 
further  updated  recursively,  using  the  samples 
X  (tk)  directly.  This  leads  to  better  conditioned 
calculations  [12].  The  stabilized  RLS  algorithm 
(5-jRi5',[13]),  is  summarized  in  Table  1.  The 
QR-RLS  algorithm(<5f?-.Ri5',[12]),  which  cal¬ 
culates  and  updates  the  QR  decomposition  of 
the  matrix  P,  is  summarized  in  Table  2.  These 
algorithms  can  be  easily  extended  to  perform 
equalization  in  time  as  well  as  in  space,  and  are 
further  evaluated  in  section  4. 

Instead  of  a  training  sequence,  the  constant  mod¬ 
ulus  property  can  be  used  to  equalize  the  re¬ 
ceived  signal.  A  kind  of  decision  feedback  is  then 
used.  This  works  well  for  low  signal  to  noise 
levels,  so  that  most  of  the  decisions  are  made 
correct.  With  spatial  multiplexing  however,  the 
power  of  the  co-channel  interference  is  as  high 
as  the  power  of  the  wanted  signal.  Mere  decision 
feedback  without  any  initial  training  to  discern 
the  different  users  will  not  perform  very  well. 
The  following  can  be  done  :  assume  all  possible 
sequences  of  142  bits^,  use  each  of  these  as  the 

®Tlie  forgetting  factor  A  is  set  to  1,  and  we  work  on  a 
burst  by  burst  basis. 

^user  bits-|-training  bits  in  one  GSM  normal  burst 


desired  signal  D{k)  in  formula  (7)  and  calculate 
the  error  (formula  (6)).  If  the  number  of  mo¬ 
bile  users  is  f.i.  three,  the  three  bit-sequences 
generating  the  smallest  error  are  most  proba¬ 
bly  the  three  transmitted  bit-sequences.  This 
reduces  the  number  of  training  bits  to  a  mini¬ 
mum.  Less  than  142  bits  can  be  used  combined 
with  a  Viterbi-like  elimination  procedure  to  limit 
the  search-complexity. 

Other  blind  algorithms  exist  which  perform  pro¬ 
jections  on  the  finite  alphabet  sequences  [14]. 
Whatever  procedure  used,  the  most  optimal 
weights  are  obtained  by  using  the  whole  trans¬ 
mitted  sequence  as  a  reference.  This  corresponds 
to  no  projection  or  decision  errors  at  all,  and 
will  be  referred  to  as  the  Optimal  Least  Squares 
(OLS)  result. 

P(0)  =  ^  [I] 

W(0)  =  [0] 

for  k  =  1  to  26  do 

x{k)  =  P{k-l)X{tk) 

^  X+XHtk)x(k) 

p{k)  =  \[p{k  - 1)  -  a{k)[xik)xHm 
W*{k)  =  W*{k-1)+ 

a{k)x{k)[d{tk)  -  X^tk)Wik  -  1)] 

e{tk)  =  d{tk)-X^tk)W{k-l)) 

end  (for  k) 

Table  1:  Stabilized  RLS  algorithm 


4  Simulation  results 

A  scenario  with  three  mobile  stations  was  envi¬ 
saged,  all  moving  at  the  same  speed  of  100  km/h 
and  at  a  distance  of  2  km  from  the  base  station. 
The  number  of  multipaths  (dominant  reflections, 
M)  equals  12,  each  of  them  consisting  of  10  (L) 
local  reflections. 

The  corresponding  delay,  power  and  angle  spread 
for  each  multipath  and  user  is  given  in  the  ap¬ 
pendix,  Table  4.  Delay  and  power  spread  values 
are  taken  from  GSM  Recommendation  05.05  [15] 
(typical  case  for  urban  area). 

After  calculation  and  superposition  of  the  signals 
of  all  three  users  on  all  (maximum  10)  antennas, 
thermal  noise  is  added  and  the  resulting  com¬ 
posite  signal  is  low  pass  filtered  and  sampled  at 
the  appropriate  time  instant.  A  linear  array  is 
assumed  with  the  antennas  spaced  have  a  wave- 
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P(0)  =  [0] 

W(0)  =  [0] 
for  k  =  1  to  26  do 
for  i  =  1  to  N  do 
if  {xi{tk)  —  0)  then 
c  =  1 

s  =  0 
else 

rii{k)  =  ■sjrii{k  -  -  1)  +  Xi[ti,)x*{tk) 

c  =  rii{k  -  l)/rii{k) 

S  —  ^  / '^  ii{k^ 

end  (if  then  else) 
for  j  =(i+l)  to  (N-fl)  do 
{xN+i{tk)  —  d{tk)) 

rij{k)  =  s*.Xj{tk)-\-c.rij{k-l) 
Xj{tk)  =  c.Xj{tk)  -  s.rij{k  -  1) 
end  (for  j) 
end  (for  i) 
end  (for  k) 

W  =  -l.R-'^{l..N,l..N).R{l..N,N+l) 

Table  2:  QR-RLS  algorithm 
length  from  each  other. 

All  users  are  transmitting  at  equal  power.  The 
mid  ambule,  which  corresponds  to  the  Base  Sta¬ 
tion  Colour  Code  (BSCC),  is  used  to  determine 
the  weights.  Every  mobile  station  uses  a  diffe¬ 
rent  mid  ambule  (the  term  BSCC  is  then  not 
appropriate  anymore).  An  equalized  burst  typi¬ 
cally  looks  like  the  one  in  Figure  2. 

To  have  an  idea  of  the  bit  error  rate,  the  average 
signal  amplitude  s  and  the  square  deviation  ag  is 
calculated  for  a  whole  burst  (i.e.  over  142  bits) 
and  substituted  in  the  following  formula  : 

BER  =  ^erfc{s/V^s)  (9) 

erfcix)  —  —  e  *  dt 

TT  Jx 

Care  has  been  taken  to  use  this  formula  only 
for  ’stationary’  burst,  i.e.  for  burst  which  don’t 
show  too  much  fading,  as  the  example  plotted 
in  Figure  3  makes  clear.  For  such  high  faded 
bursts  the  square  deviation  would  be  estimated 
too  high  and  Formula  (9)  would  be  an  inappro¬ 
priate  estimate  for  the  BER. 

The  convergence  speed  of  the  Stabilized  RLS  al¬ 
gorithm  is  plotted  in  Figure  4  and  5  for  1  and 
2  taps  respectively  (tap  spacing  3.692  /is),  with 


Combined  signal  (sampled) 


Figure  2:  Typical  equalized  burst  :  mobile  1, 
speed  100  km/h,  2  co-channel  interferers  of  equal 
power,  10  antennas,  1  tap,  S/N=-50db.  I-  and 
Q-channel.  (The  peaks  represent  the  sampled 
values.) 


Combined  signal  (sampled) 


Figure  3:  Equalized  burst  under  severe  fading  : 
mobile  2,  speed  200  km/h,  no  co-channel  inter¬ 
ferers,  10  antennas,  1  tap,  S/N=-50db.  I-  and 
Q-channel.  (The  peaks  represent  the  sampled 
values.) 

the  number  of  antennas ’m’  as  a  parameter.  The 
’zero-crossings’  are  exploited  as  extra  informa¬ 
tion.  Mind  that  in  practice  (for  GSM)  the  ma¬ 
ximum  number  of  iterations  equals  26.  The  Op¬ 
timal  Least  Squares  result  is  the  result  after  142 
iterations.  The  curves  for  m=2  and  3  at  the 
bottom  of  the  graphs  are  not  discernable.  The 
higher  the  number  of  antennas,  the  better  the 
output  S/N  ratio  after  100  iterations.  It  can  be 
seen  thatt  the  three  mobile  users  can  already  be 
resolved  with  3  antennas. 

Additional  time-equalization  decreases  the  con¬ 
vergence  speed  and  does  not  improve  the  output 
S/N  ratio  very  much,  especially  when  the  num¬ 
ber  of  antennas  is  high  (m  >  6).  For  a  high 
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Figure  4:  Speed  of  convergence  :  mobile  1, 
speed  100  km/h,  2  co-channel  interferers  of  equal 
power,  m  antennas,  1  tap,  S/N=-20dB.  The  ratio 
of  the  output  Signal  power  to  thermal  plus  co¬ 
channel  Noise  power  is  plotted  on  a  linear  scale 
as  function  of  the  iteration  step.  The  Stabilized 
RLS  algorithm  was  used.  The  curves  for  m=2 
and  3  are  not  discernable. 

Speed  of  convergence 


Figure  5:  Speed  of  convergence  :  same  scenario 
as  in  Figure  4  but  with  the  number  of  taps  n=2. 
Tap  spacing  =  3.692  ns. 

number  of  coefficients  (mxn  >  8)  convergence  is 
not  reached  after  26  iterations. 

The  difference  between  the  output  S/N  ratio 
computed  with  the  QR-RLS  algorithm  and  the 
S-RLS  algorithm  is  only  1%  after  15  iterations 
and  0.01  %  after  26  iterations  (computed  with 
MATLAB  on  a  HP  Apollo  715/80).  Henceforth, 
the  Stabilized  RLS  algorithm  is  used.  If  the  pre¬ 
cision  of  the  calculations  is  decreased,  the  diffe¬ 
rence  in  performance  might  be  more  pronounced. 
The  bit  error  rate  (HER)  as  function  of  the  ratio 
of  the  signal  power  to  the  thermal  noise  power 
at  the  input  (S/N)  is  plotted  in  Figure  6  for  the 
Stabilized  RLS  algorithm  after  26  iterations  and 
in  Figure  7  for  the  Optimal  Least  Squares  re- 


Figure  6:  Bit  Error  Rate  a.s  function  of  the  Signal 
to  thermal  Noise  ratio  at  the  input  :  mobile  1, 
speed  100  km/h,  2  co-channel  interferers  of  equal 
power,  m  antennas,  1  tap.  The  number  of  iter¬ 
ations  equals  26.  The  Stabilized  RLS  algorithm 
was  used. 


INPUT  S/N 

0 

10 

20 

30 

40 

50 

OUTPUT  S/N 

2.4 

8.7 

17 

21 

23 

23 

Table  3:  Tabulation  of  the  input  Signal  power 
to  thermal  Noise  power  ratio  (first  row)  and  the 
ratio  of  the  output  Signal  power  to  thermal  plus 
co-channel  Noise  power  (second  row) (S/N  in  dB, 
m=10,  n=l). 

suit.  Parameter  is  the  number  of  antennas  ’m’. 
The  number  of  taps  ’n’  equals  1.  The  signal  am¬ 
plitude  and  the  thermal  plus  co-channel  noise 
power  at  the  equalized  output  are  substituted 
in  Formula  (9).  A  signal  to  noise  ratio  of  zero 
means  that  the  average  noise  power  is  equal  to 
the  average  signal  power.  As  the  signal  is  con¬ 
sequently  sampled  at  its  maximum  value,  the 
power  of  the  sampled  useful  signal  is  still  ap¬ 
proximately  3dB  higher  than  the  power  of  the 
sampled  noise. 

For  better  comparison  of  the  Optimal  Least 
Squares  result  with  the  S-RLS  algorithm,  the 
ratio  of  the  output  S/N  ratio  of  the  OLS  re¬ 
sult  and  the  output  S/N  ratio  obtained  with 
the  S-RLS  algorithm  is  plotted  in  Figure  8 
{[S/N]ols^ /[S/N]°g^^^ls)  as  function  of  the  in¬ 
put  S/N  ratio.  The  improvement  fluctuates 
around  a  factor  of  1.5,  and  is  more  pronounced 
for  a  higher  number  of  coefficients  as  convergence 
is  then  slower  (see  also  Figure  4).  The  output 
S/N  ratio  after  26  iterations  seems  quite  satis¬ 
factorily  compared  to  the  optimum. 


36-6 


Figure  7:  Bit  Error  Rate  as  function  of  the  Sig¬ 
nal  to  thermal  Noise  ratio  at  the  input.  Same 
scenario  as  in  Figure  6.  The  Stabilized  RLS  algo¬ 
rithm  was  used  but  with  the  whole  bit-sequence 
as  a  reference,  thus  corresponding  to  the  Opti¬ 
mal  Least  Squares  result. 


Figure  8:  Comparison  of  the  Optimal  Least 
Squares  result  with  the  S-RLS  algorithm  results. 
[S/N]°Q*jfg* as  function  of  the  input 
S/N  ratio  (averaged  out  over  5  bursts). 

A  less  complex  environment  was  simulated,  still 
with  3  co-channel  users,  but  each  with  only  3 
dominant  multipaths  (M),  each  in  turn  consist¬ 
ing  of  10  local  reflections  (L).  The  evolution  of 
the  output  signal  to  noise  ratio  as  function  of 
the  input  signal  to  noise  ratio  is  given  in  Table  3 
(m=10  and  n=l).  It  can  be  concluded  that  even 
for  a  sufficient  number  of  antennas  (m=10)  the 
output  S/N  does  not  decrease  very  much  at  low 
input  S/N  due  to  fading. 

5  Conclusions  and  Remarks 

Blind  identification  algorithms  based  on  the  fi¬ 
nite  alphabet  property  of  the  transmitted  sym¬ 


bols  could  be  good  alternatives  [14],  as  they  are 
not  hindred  by  the  limited  length  of  training 
sequences.  The  nonstationarity  of  the  channel 
however  will  still  limit  the  performance.  A  short 
symbol  sequence  known  in  advance  will  still  be 
necessary  to  discern  the  different  spatially  mul¬ 
tiplexed  mobile  users. 

Additional  time-equalization  does  not  improve 
the  output  S/N  ratio  substantionally.  A  more 
fractional  tap  spacing  smaller  than  3.692  jis 
would  be  more  suited  to  the  particular  delay 
spread  of  the  channel  (cfr.  Table  4). 

Due  to  the  high  precision  of  the  calculations,  the 
S-RLS  algorithm  performs  as  well  as  the  QR- 
RLS  algorithm.  A  more  limited  precision  might 
pronounce  the  difference  more.  A  training  se¬ 
quence  of  length  26  bits  suffices  to  equalize  the 
desired  signal. 

Carrier  tracking  and  timing  reconstruction  in  a 
multi  user  environment  with  Space  Division  Mul¬ 
tiple  Access  causes  new  problems.  Residual  car¬ 
rier  tracking  should  be  performed  on  the  digital 
baseband  level,  as  the  carriers  cannot  yet  be  dis¬ 
cerned  on  the  analog  RF  level.  A  certain  over- 
sampling  will  be  necessary  for  the  symbol  timing 
reconstruction,  or  a  synchronisation  of  the  mul¬ 
tiple  users. 

In  the  foregoing  simulation,  symbol  timing  was 
taken  to  be  known.  The  knowledge  of  this  ex¬ 
act  timing  already  discriminates  the  co-channel 
interferers  from  the  desired  useful  signal.  The 
results  obtained  with  such  a  priori  timing  knowl¬ 
edge  are  thus  better  than  can  be  expected  in  an 
even  more  realistic  simulation. 
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7  Appendix 

The  angular  spread  and  power  spread  for  the 
three  mobile  users  is  visualized  in  Figures  9,10 
and  11  and  tabulated  together  with  the  delay 
spread  in  Table  4. 
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Visualisation  of  the  multipath  environment 


Figure  9:  Visualization  of  power  and  angle  of 
incidence  of  the  different  multipath  components 
(12  in  total)  corresponding  to  mobile  1.  The 
length  of  the  arrow  is  proportional  to  the  power 
of  the  component,  linear  scale. 


Visualisation  of  the  multipath  environment 


Figure  10:  Visualization  of  power  and  angle  of 
incidence  of  the  different  multipath  components 
corresponding  to  mobile  2. 


Visualisation  of  the  multipath  environment 


Mobile  user  1 

Path  number 

Delay 
in  fis 

Power 
in  dB 

Angle 
in  degrees 

1 

0.0 

-4.0 

-40 

2 

0.1 

-3.0 

-40.5 

3 

0.3 

0.0 

-41 

4 

0.5 

-2.6 

-39.5 

5 

0.8 

-3.0 

-42 

6 

1.1 

-5.0 

-30 

7 

1.3 

-7.0 

-30.5 

8 

1.7 

-5.0 

-31 

9 

2.3 

-6.5 

-33 

10 

3.1 

-8.6 

-20 

11 

3.2 

-11.0 

-22 

12 

5.0 

-10.0 

-24 

Mobile  user  2 

1 

0.0 

-4.0 

20 

2 

0.2 

-3.0 

20.5 

3 

0.4 

0.0 

21 

4 

0.6 

-2.0 

19.5 

5 

0.8 

-3.0 

22 

6 

1.2 

-5.0 

30 

7 

1.4 

-7.0 

30.5 

8 

1.8 

-5.0 

31 

9 

2.4 

-6.0 

33 

10 

3.0 

-9.0 

10 

11 

3.2 

-11.0 

12 

12 

5.0 

-10.0 

14 

Mobile  user  3 

1 

0.0 

-4.0 

50 

2 

0.2 

-3.0 

50.5 

3 

0.4 

0.0 

51 

4 

0.6 

-2.0 

49.5 

5 

0.8 

-3.0 

52 

6 

1.2 

-5.0 

70 

7 

1.4 

-7.0 

70.5 

8 

1.8 

-5.0 

71 

9 

2.4 

-6.0 

73 

10 

3.0 

-9.0 

10 

11 

3.2 

-11.0 

12 

12 

5.0 

-10.0 

14 

Table  4:  Delay,  power  and  angle  spread  of  the 
Figure  11:  Visualization  of  power  and  angle  of  corresponding  multipaths  for  all  three  users, 
incidence  of  the  different  multipath  components 
corresponding  to  mobile  3. 
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DISCUSSION 


Discussor’s  name: 


C.  Goutelard 


Question/Comment: 

Votre  matrix  de  correlation  a  les  dimensions  du  nombre  d’antennes,  done  8  au  maximum. 
Comment  faites-vous  pour  separer  120  trajets  multiples? 

Translation: 


Your  correlation  matrix  is  the  size  of  the  number  of  antenna,  that  is  a  maximum  of  8.  How  do  you 
separate  the  120  multi-paths?) 


Author/Presenter’s  reply: 


Les  signaux  regus  ne  contiennent  que  les  trois  informations  (des  3  mobiles).  Le  but  de  la 
methode  n’est  pas  de  separer  les  120  trajets  mais  d’extraire  les  informations  utiles.  Pour  cela,  la 
connaissance  de  la  sequence  d’aprentissage  est  necessaire  et  complemente  les  donnees 
collectees  durant  le  processus  de  recursion.  En  fait  la  matrice  a  comme  nombre  de  rangees  le 
nombre  d’echantillons  recoltes  jusqu’a  la  sequence  k  et  comme  nombre  de  colonnes  le  nombre 
de  coefficients  de  ponderation  des  antennes. 

Translation: 


The  signals  received  contain  only  three  items  of  information  (from  the  three  mobiles).  The  aim  of 
the  method  is  not  to  separate  the  120  paths  but  to  extract  the  useful  information.  To  do  that  a 
knowledge  of  the  learning  sequence  is  necessary  to  know  the  learning  sequence  and 
complements  the  data  collected  during  the  recursion  process.  In  fact  the  matrix  has  the  same 
number  of  rows  as  the  number  of  samples  collected  up  to  the  sequence  k,  and  the  same  number 
of  columns  as  the  number  of  the  antennas’  weighting  coefficients. 
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TESTING  HF-MODEMS:  DSP'S  OPEN  NEW  POSSIBILITIES  AND  MAKE  NEW 
DEMANDS  ON  REAL-TIME  HF-SIMULATORS 


L.  Van  der  Perre 
A.  Van  de  Capelle 
KULeuven,  Div.  ESAT-TELEMIC 
Kard.  Mercierlaan  94 
3001  Heverlee 
Belgium 

E-mail :  Liesbet . Van derperre @  esat. kuleu ven  .ac.be 


SUMMARY 

A  test  set-up  for  HF-modems  with  a  hardware 
implemented,  mainly  analogue  simulator  based  on  the 
Watterson  model  [1],  has  been  built  at  the  division 
ESAT-TELEMIC  of  the  K.U.Leuven.  It  has  shown  to 
be  a  very  useful  tool  to  test  narrowband  HF-modems 
under  stable  channel  conditions. 

In  order  to  improve  the  transmission  quality,  more 
advanced  HF-modems  are  being  developed  nowadays. 
The  use  of  DSP's  has  made  it  possible  to  provide  large 
interleaving  blocs,  intelligent  error  correcting  coding 
schemes,  channel  estimators,  adaptive  equalizers, 
etc... 

The  qualities  of  such  modems,  that  try  to  adapt  to  the 
present  channel  conditions,  can  only  properly  be 
tested  on,  provided  they  are  subjected  to  varying 
channel  conditions.  The  technological  evolution  that 
gave  rise  to  these  intelligent  modems,  has  created  the 
need  for  a  simulator  that  can  imitate  a  varying 
ionosphere. 

This  is  what  is  aimed  using  a  digital  signal  processor 
for  the  realization  of  an  HF-channel  simulator. 
Besides  the  programming  capabilities  that  are 
automatically  present  when  using  DSP's  for  channel 
simulation,  other  advantages  come  when  working 
digitally.  Making  adjustments  to  a  design  becomes  a 
very  simple  operation,  and  some  simulation  functions 
are  easier  to  implement  when  working  with  digital 
technology.  The  design  of  this  digital  simulator  is 
done  using  a  digital  signal  processing  design  tool 
called  Signal  Processing  Worksystem  (SPW). 

The  use  of  spread  spectrum  modulation  techniques  on 
the  HF-channel,  creates  a  new  challenge  for  the 
developers  of  HF  channel  simulators.  In  the  first 
place  because  there  is  no  wideband  model  for  the  HF- 
channel  available.  Besides  that,  the  realization  of  a 
real-time  simulator  that  can  handle  signals  with 
bandwidths  up  to  1  or  2  MHz,  will  be  a  complex  task, 
both  from  a  hardware  as  from  a  software  point  of 
view. 


1  INTRODUCTION 

The  designer  of  HF-communication  equipment  faces 
the  following  problem:  testing  of  his  equipment  under 
real-life  conditions  requires  a  distance  of  hundreds, 
even  thousands  of  kilometers  between  transmitter  and 
receiver.  He  has  the  additional  problem  that  it  is  very 
difficult  to  know  the  channel  conditions  at  every 
instant. 

Therefore,  a  test  set-up  for  HF-modems  in  the 
laboratory  is  very  useful  in  order  to  facilitate  the 
research,  development  and  fine-tuning  of  ever  faster 
and  more  reliable  modems  for  HF  fax-  and  data- 
communication.  The  test  set-up  creates  the  possibility 
to  know,  control  and  eventually  later  reconstruct  the 
identical  test  conditions  exactly.  This  is  a  power  we 
clearly  do  not  have  over  the  physical  ionosphere, 
which  is  continuously  changing. 

The  heart  of  the  test  set-up  for  HF-modems  is  a  real¬ 
time  channel  simulator  (RTCS)  for  HF-radiolinks. 
The  settings  of  the  simulator  can  be  varied  over  a 
wide  range,  thus  giving  us  the  possibility  to  subject 
the  modems  under  test  to  conditions  going  from 
typical  to  exceptional  and  worst  case. 


2  THE  PRESENT  TEST  SET-UP 

A.  Analogue  hardware  real-time  channel  simulator 

A  mainly  analogue  hardware  simulator,  has  been 
developed  and  built  at  the  K.U.Leuven  during  the 
work  of  several  years.  The  simulator  is  based  on  the 
Watterson  model,  that  is  widely  accepted  as  a  good 
model  for  the  ionospheric  channel  as  long  as  the 
supposed  time  and  bandwidth  periods  are  not 
exceeded. 

The  simulator  can  provide  up  to  5  propagation  paths, 
each  having  their  own  delay  and  attenuation  circuit. 
The  simulator  also  includes  a  white  gaussian  noise 
source  and  a  source  imitating  the  behavior  of  an 
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interferer.  The  ranges  over  which  the  settings  of  the 
circuits  can  be  made,  largely  suffice  the  CClR-norm 
concerning  channel  simulators  for  the  ionospheric 
communication..  A  scheme  of  the  simulator  is  given 
in  figure  1 . 


Figure  1:  Scheme  of  the  HF-simulator 

Through  a  serial  interface  with  the  microprocessor 
present  in  the  simulator,  the  settings  of  the  simulator 
can  be  sent  trough.  The  microprocessor  is  on  its  turn 
connected  to  the  simulator  circuits  via  a  flat  cable. 

B.  Test  set-up  for  HF-modems 

Besides  the  channel  simulator  and  the  modem  under 
test,  the  set-up  comprises  a  bit  error  rate  counter  that 
keeps  track  of  the  transmission  quality,  and  a  PC  that 
controls  all  the  components  of  the  set-up  and  the 
communication  between  them  [2].  The  structure  of 
the  set-up  with  the  data  and  control  streams  are 
illustrated  in  figure  2. 
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-  :  data 

-  :  control 

R.T.C.S.  =  Real-Time  Channel  Simulator 
B.E.R.T.  =  Bit  Error  Rate  Tester 

Figure  2:  Structure  of  the  test  set-up 


The  figure  shows  the  case  where  the  modem  is  still  in 
a  developing  stage,  implemented  as  an  algorithm  on  a 
DSP-board  present  in  the  PC.  We  can  also  test 
separate  instruments  with  the  set-up,  provided  they 
have  a  baseband  output,  since  the  channel  simulator 
can  not  handle  high  frequencies. 

The  simulator  is  a  very  useful  tool  to  analyze  the 
behavior  of  modems  under  stable  channel  situations. 
For  e.g.  the  traditional  simple  FSK-modem,  these 
tests  suffice  to  predict  the  complete  modem  behavior. 
The  test  set-up  has  been  used  to  verify  bit  error  rates 
generated  by  a  prediction  program  for  the  FSK.- 
modem  under  different  channel  conditions  [3]. 

A  C-i-i-  program  has  been  completed  to  provide  a 
Windows-driven,  user  friendly  interface  to  the 
simulator. 

Space  and  connectors  have  been  provided  in  the 
simulator  to  include  a  second  identical  channel.  This 
would  allow  us  to  do  tests  on  duplex  links  and 
communication  protocols.  Lack  of  time  and  energy 
and  the  idea  that  a  more  advanced  simulator  is 
needed,  have  made  that  the  second  channel  simulator 
has  not  been  realized  so  far. 


3  HF-MODEMS  USING  DSP’S 
A.  Communication  problems 

Data  and  fax  and  digital  communication  in  general 
take  up  an  increasing  part  of  the  telecommunication 
traffic.  In  order  to  improve  the  transmission  quality, 
more  advanced  data-modems  for  the  HF-channel  are 
being  developed  nowadays.  They  have  the  clear 
advantage  over  voice  modems,  that  much  more 
transmission  delay  can  be  accepted,  making  the  bit 
error  rate  the  first  demand. 

The  ionosphere  is  a  continuously  changing  medium, 
giving  rise  to  specific  problems  if  you  want  to  use  it 
as  a  communication  channel.  Both  the  time  and  the 
frequency  spreads  experienced  on  the  ionospheric 
channel,  are  relatively  big,  causing  severe  distortion 
of  the  transmitted  signal. 

The  time  variations  can  be  divided  in  random 
fluctuations  around  an  average  value  due  to 
ionospheric  scintillations  on  the  one  side,  and  global 
variations  of  that  average  value  due  to  the  structural 
changes  of  the  ionosphere  on  the  other  side. 

Only  the  first  kind  of  changes  is  included  by  the 
Watterson  model.  The  structure  of  the  ionosphere  is 
known  to  vary  daily  however.  Consequently, 
multipath  components  appear  and  disappear,  and 
their  differential  time  delays  can  not  be  considered 
constant  but  over  very  short  time  spans.  Therefore, 
the  Watterson  model  is  valid  only  for  time  periods  up 
to  10  msec. 

The  modeling  of  the  structural  variations  of  the 
ionospheric  communication  channel,  can  be  done  by 
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extracting  the  propagation  parameters  from  ray¬ 
tracing  programs  that  use  appropriate  models  for  the 
electron  density  profile  and  hence  the  refractive  index 
structure  of  the  ionosphere. 


B.  DSP  solutions 

The  use  of  DSP's  has  made  it  possible  to  design 
intelligent  modems  without  increasing  the  cost  or  the 
transmission  delay  dramatically.  Indeed,  the 
technological  evolutions  have  made  digital  computing 
and  memory  capacity  ever  cheaper  and  more 
powerful.  These  benefits  are  exploited  in  the  HF 
modem  project  in  cooperation  with  SAIT-devlonics, 
with  the  support  of  the  region  of  Brussels-Capital 
through  IRSIA. 

Using  large  interleaving  blocs  reduces  the  errors  that 
tend  to  occur  in  bursts  in  ionospheric  communication, 
to  individual  random  errors,  as  illustrated  below,  in 
figure  3. 
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Detecting  and  correcting  individual  errors  can  be 
done  by  intelligent  coding  schemes,  such  as  a  trellis 
algorithm.  Although  the  Viterbi  algorithm  was 
originally  designed  to  decode  convolutional  encoded 
messages  [4],  it  has  also  shown  to  be  very  well  suited 
to  perform  maximum  likelihood  detection  on  an 
uncoded  message  signal,  received  after  transmission 
through  a  channel  that  may  introduce  intersymbol 
interference.  In  this  way,  it  can  be  useful  to  overcome 
intersymbol  interference  encountered  in  HF- 
communications  due  to  the  multipath  nature  of  the 
channel. 

Via  channel  equalizers,  modems  can  also  try  to  adapt 
to  the  present  channel  conditions.  Problems  occur 
however  on  the  HF-channel  because  of  the  frequency 
selective  fading,  causing  deep  zeroes  in  the  channel 
impulse  response.  As  the  equalizer  tries  to 
compensate  this,  it  will  amplify  these  frequencies,  on 
which  mostly  noise  is  received,  strongly. 

Both  the  Viterbi  algorithm  and  the  equalizer 
technique  suppose  the  channel  conditions  and 
multipath  composition  are  known  exactly.  This 
implies  that  a  good  channel  impulse  response 
estimation  algorithm,  is  needed.  As  for  the  coding 
algorithms,  a  trade-off  between  performances  at  the 
one  side,  and  complexity  and  price  on  the  other  side, 
has  to  be  made. 

On  a  higher  level,  an  appropriate  communication 
protocol,  like  a  good  ARQ-protocol,  can  be  used  to 
recover  blocs  of  bits  that  still  were  lost  due  to 
temporarily  bad  channel  conditions.  Although  a 
protocol  might  reduce  the  net  transmission  rate 
significantly,  it  is  the  only  way  out  if  error  free 
transmission  has  to  be  assured.  It  is  important  that  a 
very  robust  algorithm  is  used  on  the  return  channel, 
as  experiments  have  proven  that  the  transmission  rate 
and  quality  decreases  dramatically  if  acknowledges 
are  not  received  correctly. 

The  improved  computing  power  has  also  stimulated 
the  use  of  spread  spectrum  modulation  techniques  on 
the  HF-channel  to  overcome  some  of  the  severe 
communication  problems.  This  subject  will  be 
handled  separately  in  paragraph  5. 


C.  Modem  tests 


Reading 

Figure  3:  Interleaving  process 

The  larger  the  interleaving  matrices  used,  the  larger 
the  delay  introduced  and  the  bigger  the  memory 
needed  both  in  the  transmitter  and  the  receiver. 
Unfortunately,  the  large  bursts  of  errors  encountered 
on  the  ionospheric  channel  force  us  to  use  relatively 
large  interleaving  blocs  if  they  are  to  perform  their 
job  satisfactory. 


The  qualities  of  modems  that  try  to  know  and  adapt  to 
the  present  channel  conditions,  can  only  properly  be 
tested  on,  provided  they  are  subjected  to  a  varying 
channel.  The  speed  at  which  channel  variations  take 
place,  is  an  important  factor  for  modems  using 
repetitive  training-sequences  for  their  channel 
estimators.  Heavy  ionospheric  disturbances  and 
drastic  changes  of  the  ionosphere  as  occur  at  sunset 
and  sundown,  might  cause  intelligent  modems  to  fail 
completely.  Therefore,  it  is  important  that  these 


37-4 


conditions  can  also  be  simulated  by  an  advanced  test 
set-up  for  HF-modems. 

The  test  set-up  described  in  paragraph  2,  is  still 
useful  in  determining  steady  state  behavior.  For 
example,  critical  signal  to  noise  ratios  can  be 
determined,  and  differential  time  delays  between 
propagation  modes  causing  severe  problems  with 
particular  modems,  have  been  discovered.  In  figure  4, 
the  performances  of  two  modems  in  a  channel 
situation  with  two  propagation  paths  are  displayed. 


2  paths,  no  fading,  S/N=12  dB 


Figure  4:  Modem  tests 

The  tests  show  the  bit  error  rates  as  a  function  of  the 
differential  delay  between  the  two  modes,  for  a 
modem  using  Near  Maximum  Likelihood  detection 
(NML-modem)  and  a  modem  based  on  Trellis  Coded 
Modulation  (TCM -modem).  These  two  modems  have 
been  tested  and  compared  in  detail  in  the  scope  of  the 
above  mentioned  project. 


4  DIGITAL  CHANNEL  SIMULATOR 

A.  Advantages  of  a  digital  channel  simulator 

The  need  to  have  a  real-time  channel  simulator  that 
can  imitate  varying  propagation  conditions,  urged  us 
to  look  out  for  a  channel  simulator  that  can  fulfill  our 
demands.  The  programming  capabilities  that  are 
automatically  present  when  using  DSP's  for  channel 
simulation,  make  them  attractive  for  the  task.  This 
issue  is  further  explained  in  section  E  of  this 
paragraph. 

It  goes  without  saying  that  general  purpose, 
programmable  DSP-boards  are  very  useful  in 
developing  the  prototype  of  a  real-time  channel 
simulator  in  particular  [5],  and  as  a  design  tool  in  a 
telecommunications  research  unit  in  general.  Changes 
to  the  channel  model  can  be  elegantly  extended  to  the 
simulator  by  simple  software  adjustments,  whereas 
the  modification  of  the  analogue  hardware  simulator 
would  imply  developing  new  PCB’s  and  re¬ 
assembling  the  instrument.  In  this  way,  designing  and 


developing  prototypes  has  become  a  much  more 
flexible  process. 

Besides  that,  other  advantages  come  when  working 
digitally.  Some  simulation  functions  are,  by  their 
nature,  easier  to  implement  when  working  with 
digital  technology.  For  example,  delays  are  simply 
realizable  thanks  to  the  memory  that  is  readily 
available  when  using  DSP’s.  The  classical 
presentation  by  Watterson  of  the  HF-channel  as  a 
tapped  delay  line,  has  a  direct  translation  in  a  DSP’s 
architecture  via  software  pointers. 


B.  Signal  Processing  Worksystem 

The  design  of  a  real-time  digital  simulator  was 
started  using  a  digital  signal  processing  design  tool 
from  Comdisco,  called  SPW.  This  tool  facilitates  the 
design  and  the  simulation  of  communication  systems. 
The  user-friendly  interface  and  the  big  libraries  that 
are  provided,  enable  the  designer  to  save  time  and  to 
work  in  a  structured  way. 

The  system  comprises  three  application  tools: 

1.  The  Designer/Block  Diagram  Editor: 

This  is  the  design  environment  where  models  can 
be  built  on  a  high  level,  in  a  hierarchical  manner, 
and  using  standard  blocs  from  libraries  available 
in  the  software  package.  User-designed  blocs  and 
output  from  the  Signal  Calculator  and  the  Filter 
Design  System,  can  also  be  used. 

2.  The  Signal  Calculator: 

As  can  be  understood  from  its  name,  signals  can 
be  generated  through  the  processing  of  basic 
functions  available  in  the  system. 

3.  The  Filter  Design  System: 

This  design  provides  an  easy  way  to  design 
different  kind  of  filters.  These  filters  can  then 
again  serve  as  building  blocks  in  the  Block 
Diagram  Editor. 

The  system  also  contains  several  help-tools: 

1.  The  Simulator: 

This  tool  permits  the  designed  systems  to  be 
simulated  and  analyzed. 

2.  The  Code  Generation  System: 

Code,  to  be  compiled  for  a  target  processor,  is 
generated  automatically.  Only  a  limited  number  of 
the  most  common  digital  signal  processors  is 
supported,  as  it  is  impossible  to  keep  up  with 
rapidly  changing  market.  For  the  unfortunate  user 
possessing  a  non-supported  processor,  generic  C 
code  can  also  be  output. 
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Figure  5  shows  the  design  cycle  that  was  followed, 
typically  containing  a  number  of  repetitive 
adjustments  and  simulations. 
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Figure  5:  Design  cycle  followed  with  SPW 


C.  Design  of  the  digital  channel  simulator 

In  order  to  facilitate  signal  processing,  the  real  input 
signals  are  converted  to  analytical  signals  through  the 
use  of  a  Hilbert  filter  in  the  input  circuit,  as  depicted 
in  figure  6. 


Figure  6:  Input  circuit  of  the  digital  simulator 

The  real  delay  in  the  arm  at  the  top  of  the  circuit  is 
necessary  to  compensate  for  the  delay  that  is 
inevitable  introduced  by  the  Hilbert  transformation 
filter. 

There  has  been  opted  for  three  different  propagation 
paths,  each  consisting  of  two  branches  to  simulate  the 
two  magneto-ionic  components.  The  number  of  paths 
can  easily  be  augmented  as  it  asks  only  a  very  small 


effort  to  add  an  extra  identical  module,  as  mentioned 
above. 

The  circuit  that  clearly  is  the  most  difficult  to 
implement  is  the  Doppler  spreading.  A  detailed  study 
has  been  made  on  the  different  solution  strategies  that 
can  be  followed  for  this  problem.  Also,  a  well- 
founded  choice  for  the  sample  frequency  has  been 
made,  based  on  a  trade-off  between  desired  resolution 
and  acceptable  complexity,  and  resulting  in  the  option 
for  40  kHz  [6]. 

Two  different  noise  sources  are  present  in  the 
simulator;  one  to  model  the  white  gaussian  noise,  the 
other  to  take  into  account  the  impulse  noise  that  is 
also  encountered  on  the  HF-channel.  At  last,  an 
adjustable  interference  source  can  be  switched  on. 


D.  Implementation  of  the  digital  simulator 

As  we  are  working  with  C31  DSP-boards  which  are 
not  supported  by  the  SPW  -  software,  we  are  using  the 
generic  C-code  as  output  from  SPW.  This  code  serves 
us  as  a  guide  in  programming  a  real-time  channel 
simulator  onto  the  DSP-boards. 

Of  course,  the  scheme  of  the  simulator  as  designed  in 
SPW  for  software  simulations,  contains  by  itself  a  lot 
of  useful  information.  For  example,  the  calculation  of 
the  tapcoefficients  of  the  filters  is  done  automatically 
by  the  Filter  Design  System,  leaving  only  a  simple 
programming  job  to  implement  them. 

Although  it  is  easier  to  program  in  a  high  level 
language  such  as  C,  and  all  necessary  compilers  and 
linkers  are  provided,  it  is  always  interesting  to  take  a 
look  at  the  assembler  code  too.  In  that  way,  one  can 
verify  whether  no  major  efficiency  ameliorations  can 
be  made.  This  matter  becomes  a  necessity  as  more 
complex  structures  have  to  be  implemented  (for 
example  the  realization  of  a  wideband  channel 
simulator,  see  paragraph  5),  and  an  efficient  use  of 
the  hardware  is  a  must  if  we  want  to  keep  to  the 
budget. 


E.  Simulator  settings 

As  for  the  hardware  siniulator,  an  interface  has  to  be 
written  to  set  the  parameters  of  the  simulator.  Since 
we  also  want  to  simulate  structural  changes  of  the 
channel  in  real-time  non-stop  tests,  we  have  to  be 
able  to  vary  the  settings  in  a  continuous  way. 

One  way  that  has  been  tried  out  with  the  present  test 
set-up  described  in  paragraph  2,  is  to  program  the 
variations  on  the  PC.  The  PC  could  change  the 
settings  of  the  simulator  during  ongoing  tests,  via  the 
RS-232  connection.  However,  early  experiments  to  do 
tests  with  changing  simulator  settings  in  this  way 
have  discouraged  us  to  further  develop  this  method. 
The  disturbances  caused  by  the  big  stabilization  time 
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of  some  of  the  circuits  made  the  results  not  to  be 
trusted. 

The  method  where  the  changing  propagation 
parameters  are  generated  by  the  PC,  could  be  used  for 
the  simulator  implemented  on  the  DSP-board  as  well, 
where  the  PC  could  communicate  the  updated  settings 
to  the  DSP-board  via  the  dual  port  memory.  Although 
the  chance  on  success  of  this  method  is  certainly 
bigger  with  the  DSP’s,  there  is  a  more  elegant 
solution  advisable.  Indeed,  thanks  to  the  inherent 
programming  possibilities,  the  evolutions  of  the 
propagation  parameters  can  be  calculated  on  the  DSP- 
board  itself.  In  this  way,  eventual  problems  due  to  the 
interference  between  tasks  of  the  host  PC  and  the 
DSP-board  and  the  communication  between  them,  are 
avoided. 


5  WIDEBAND  DIGITAL  SIMULATOR 

A.  The  use  of  spread  spectrum  on  the  HF-channel 

In  a  second  IRSIA-project  with  SAIT-devlonics  in 
Brussels  and  the  R.U.G.  (university  of  Gent),  we  are 
now  investigating  the  use  of  spread  spectrum 
techniques  on  the  HF-channel.  Direct  sequence 
modulation  in  combination  with  a  RAKE  receiver  is 
known  to  give  a  solid  solution  for  multipath  problems 
[7].  Even  better,  the  multipath  nature  has  been  turned 
from  a  problem  into  an  advantage  as  we  can  benefit 
the  inherent  diversity  coming  from  the  different 
propagation  paths. 

Although  the  algorithm  for  the  RAKE  receiver  has 
been  described  in  1958,  its  realization  has  only 
recently  become  possible,  thanks  to  the  evolution  of 
the  technology.  Even  if  cheap  large  memory  and 
powerful  computing  capacity  necessary  to  built  an 
affordable  RAKE  receiver  is  today  available,  the  large 
delay  spreads  experienced  on  the  HF-channel  will 
urge  us  to  limit  the  spreading  bandwidth. 

If  a  sufficiently  small  time  resolution  is  reached  with 
the  correlation  process  in  the  wideband  receiver 
(asking  a  wide  spreading),  it  might  even  be  possible 
to  separate  the  two  magneto-ionic  components  (O  - 
and  X  -  wave),  provided  an  antenna  with  diversity  in 
polarization  is  used.  This  would  mean  a  big 
improvement  over  the  narrowband  modems,  as  it 
would  not  only  double  the  diversity,  but  in  the  same 
time  remove  the  severe  problem  of  polarization  fading 
without  needing  the  complex  process  of  polarization 
filtering. 

It  is  widely  known  that  spread  spectrum  techniques 
have  additional  advantages  in  a  military  context.  The 
signal  is  inherently  coded  and  buried  in  the  noise, 
which  makes  it  both  undetectable  and  unreadable  for 
eaves-droppers.  The  despreading  in  the  receiver  of  the 
wanted  signal  at  the  same  time  spreads  the  unwanted 
signals,  giving  a  good  resistance  against  jammers. 


B.  Model  for  the  wideband  HF-channel 

If  we  want  to  use  wideband  communication  on  the 
HF-channel,  we  need  a  model  for  the  channel  that  is 
valid  for  bandwidths  up  to  a  few  MHz.  The  Watterson 
model,  as  mentioned  in  paragraph  3,  is  based  on 
assumptions  that  are  no  longer  valid  if  frequency 
dependencies  have  to  be  taken  into  account. 

We  intend  to  develop  and  use  an  extension  of  the 
Watterson  model,  conserving  the  delay  line  and  one 
tap  for  each  physical  mode.  The  tapcoefficients  are 
replaced  by  time  variant  FIR-filters  in  series  with 
time  variant  path  gains,  as  displayed  in  figure  7. 


Figure  7:  Extended  Watterson  model 

The  tapcoefficients  of  the  filters  reflecting  both  the 
frequency  and  the  time  dependencies,  could  be 
obtained  from  the  output  from  prediction  programs 
for  ionospheric  conditions. 

In  first  instance,  a  simple  parabolic  model  for  the 
ionospheric  density  profile  is  assumed,  resulting  in 
analytical  and  easy  to  use  expressions  for  the 
frequency  dependencies  of  the  propagation 
characteristics. 

Besides  the  extension  of  the  model  for  the 
propagation  phenomena,  the  expressions  for  the  noise 
and  the  interference  will  have  to  be  adapted  [8], 


C.  Wideband  channel  simulator 

The  next  step  would  be  the  realization  of  the  model 
for  the  wideband  HF-channel  in  a  wideband  real-time 
channel  simulator.  The  wider  bandwidth  itself  will 
already  complicate  the  hardware  realization,  having 
to  handle  signals  up  to  a  few  MHz.  The  fact  that  the 
channel  model  is  also  more  complex  as  we  want  to 
take  frequency  dependencies  and  time  evolutions  into 
account,  will  further  reinforce  this  effect.  In  first 
instance,  we  are  looking  at  a  modular  construction 
and  the  realization  of  some  basic  functions. 

A  splitting  in  modules  that  would  both  be  logical 
from  a  physical  point  of  view,  and  practical  from  a 
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hardware  point  of  view,  would  be  the  division  of  the 
total  bandwidth  in  subbands,  as  depicted  in  figure  8. 


Figure  8:  Suggested  input  circuit  for  a  wideband 
channel  simulator 

For  the  individual  subbands,  the  Watterson  model 
would  suffice.  The  variation  of  the  parameters  of  the 
Watterson  model  over  the  different  subbands 
(differential  time  delays  of  the  different  modes,  gain 
factors,  ...)  would  again  ask  a  realistic  analytical 
model  or  a  reliable  prediction  program  for  the 
frequency  dependencies  of  the  propagation 
characteristics. 

It  is  clear  that  using  different  processors  working 
parallel,  will  be  inevitable.  All  simulator  functions 
will  have  to  be  realized  as  simple  as  possible.  The 
efficiency  of  the  code  will  play  a  much  more 
important  role  than  for  the  narrowband  channel 
simulator,  and  intelligent  programming  as  close  to 
the  machine  as  possible,  will  be  a  difficult  but 
necessary  task  in  order  to  reduce  the  number  of 
parallel  processors  and  the  hardware  costs  to  a 
minimum. 


6  CONCLUSIONS 

The  use  of  DSP’s  has  opened  new  possibilities  for 
real-time  channel  simulation,  making  it  a  very 
flexible  process  thanks  to  the  (re-)  programmability  of 
fast  and  nowadays  payable  signal  processors. 

The  use  of  these  same  DSP’s  in  the  development  of 
ever  more  performant  modems,  makes  however  new 
demands  on  the  channel  simulator.  For  intelligent 
narrowband  modems,  besides  the  random 
fluctuations,  the  structural  changes  will  have  to  be 
imitated  by  an  advanced  channel  simulator. 

In  order  to  properly  test  spread  spectrum  modems,  a 
channel  simulator  that  can  handle  bandwidths  up  to  a 
few  MHz  and  can  also  include  frequency 
dependencies,  is  necessary.  Both  developing  an 
appropriate  model,  and  realizing  the  hardware  that  no 
doubt  will  be  complex,  are  jobs  in  progres. 

As  a  whole,  it  is  clear  that  we  can  conclude  that 
modern  digital  signal  processing  hardware  is  very 
beneficial  for  HF-communications.  It  has  been 
illustrated  in  this  paper  that  a  substantial 


improvement  of  the  transmission  quality  can  be 
reached  by  using  intelligent  modems,  either 
narrowband  or  wideband.  This  evolution  makes 
shortwave  communication,  bearing  in  mind  that  it  is 
cheaper  than  satellite  communications,  still  attractive 
for  data  communication  . 
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DISCUSSION 


Discusser’s  name:  J.  Harvey 

Question/Comment: 

Could  you  provide  more  detail  on  the  physical  causes  and  the  remedy  for  the  polarization  fading? 


Author/Presenter’s  reply: 

Due  to  the  geomagnetic  field,  every  wave  entering  the  ionosphere  is  split  into  two  waves  having 
orthogonal  polarizations.  These  waves  are  known  as  the  0-  and  X-wave.  After  their  independent 
propagation  through  the  ionosphere,  the  wave  resulting  from  the  summation  of  the  two  magneto¬ 
ionic  components,  has  a  polarization  which  most  of  the  time  is  completely  different  from  that  at  the 
transmitter,  and  rapidly  changing,  causing  polarization  fading  if  a  simple  antenna  is  used  at  the 
receiver. 

To  overcome  the  polarization  fading,  an  antenna  having  diversity  of  polarization  will  be  needed. 
The  separation  of  the  0-  and  the  X-wave  on  the  basis  of  their  orthogonal  polarization  is  a  very 
complex  process.  We  are  now  investigating  whether  the  use  of  Direct  Sequence  Spread 
Spectrum  communictions  could  provide  us  with  a  much  easier  method,  based  on  the  differential 
delay  of  the  two  magneto-ionic  components.  The  research  is  still  going  on,  but  more  details  can 
be  found  in  the  paper  I  presented  in  the  HF’95  Nordic  HF  Conference,  given  as  a  reference. 
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DISCUSSION 


Discussor’s  name:  P.  Cannon 

Question/Comment: 

1.  Comment:  The  Watterson  model  is  the  best  model  we  have  but  as  well  as  the  limitations  you 
have  mentioned  it  is  important  to  remember  that  it  is  based  on  a  very  limited  experiment  in  both 
time  and  geographical  area. 

2.  Question:  Could  you  please  explain  what  validation  tests  you  have  performed  on  your 
simulator? 

Author/Presenter’s  reply: 

1.  Indeed,  more  extensive  experiments  are  necessary  to  prove  the  reliability  of  the  Watterson 
model.  However,  one  of  the  benefits  of  the  model  is  that  it  is  widely  used  and  also  stated  in  the 
CCIR  standards.  This  makes  it  possible  to  compare  modems  developed  in  different  laboratories 
as  they  can  be  tested  under  similar  conditions. 

2.  The  simulator  in  fact  consists  of  a  number  of  PCB’s,  where  blocks  of  circuits  that  perform 
different  simulations  of  the  propagation  effects  that  are  encountered  on  the  HF-channel.  This 
gives  us  the  possibility  to  put  a  probe  connected  to  a  precise  oscilloscope,  at  every  stage  of  the 
simulation  for  the  5  propagation  paths,  the  noise  and  the  interference  source.  In  combination  with 
a  function  generator,  the  complete  behaviour  of  the  simulator  has  been  checked  in  a  qualitative 
and  a  quantitative  way.  A  lot  of  effort  and  time  have  been  put  in  the  validation  of  the  simulator’s 
performances! 
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DISCUSSION 


Discusser’s  name:  N.  J.  Farsaris 


Comment/Question: 

What  technique  are  you  going  to  use  in  order  to  simulate  both  0  and  X-wave  propagation? 


Author/Presenter’s  reply: 

We  will  have  to  handle  the  0-  and  the  X-waves  as  two  completely  independent  propagation  paths 
-  which  is  not  in  conflict  with  the  physical  reality.  Of  course,  this  will  mean  that  the  delay  unit  in 
the  tapped  delay  line  model  will  have  to  be  sufficiently  small  to  provide  the  necessary  time 
resolution.  This  is  one  of  the  reasons  the  complexity  of  the  simulator  could  become  a  problem. 
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1  SUMMARY 

A  prerequisite  for  the  performance  analysis  and 
optimization  of  future  mobile  radio  systems  by 
simulation  is  a  realistic  model  of  the  mobile  ra¬ 
dio  channel.  Time  variance  and  frequency  se¬ 
lective  fading  as  well  as  spatial  radio  spreading 
have  to  be  considered  in  such  a  model  to  enable 
the  validation  of  system  concepts  using  direc¬ 
tional  diversity.  In  this  paper,  a  flexibly  conflg- 
urable  statistical  channel  model  for  mobile  radio 
systems  using  directional  diversity  is  presented. 
This  channel  model  is  based  on  the  superposi¬ 
tion  of  echos  which  originate  from  different  scat¬ 
tering  objects.  The  parameters  of  this  model  can 
be  easily  adjusted  to  various  propagation  areas 
as  e.g.  rural,  urban,  microcellular  and  picocel- 
lular  environments.  Therefore,  the  model  which 
is  the  basis  for  a  FORTRAN??  program  is  well 
suited  to  perform  simulations,  evaluations  and 
comparisons  of  mobile  radio  systems.  Simula¬ 
tion  examples  are  given  for  typical  mobile  ra¬ 
dio  scenarios.  The  resulting  time  varying  chan¬ 
nel  impulse  responses  for  both  omnidirectional 
as  well  as  ideal  non-overlapping  sector  anten¬ 
nas  are  compared.  The  applicability  of  the  pre¬ 
sented  channel  model  to  simulations  of  mobile 
radio  systems  is  demonstrated  for  a  new  mobile 
radio  system  concept  with  joint  detection  (JD) 
and  directive  base  station  antennas 

2  INTRODUCTION 

An  important  issue  in  mobile  radio  communica¬ 
tions  is  high  capacity,  which  means  that  as  many 
users  as  possible  should  be  accommodated  in  the 
allocated  frequency  bands.  Among  the  various 
measures  to  enhance  capacity  [1],  approaches 
which  have  not  yet  been  studied  extensively  are 
antenna  diversity  techniques  applicable  at  the 
base  stations  (BS)  and/or  mobile  stations  (MS), 
i.e.  the  use  of  more  than  one  antenna  at  BS 
and/or  MS.  In  such  multi-antenna  applications, 
two  different  approaches  can  be  followed,  which 
may  also  be  combined. 


In  the  one  approach  termed  space  diversity,  the 
different  antennas  are  positioned  at  locations 
separated  by  e.g.  a  few  wavelengths.  Space  di¬ 
versity  has  the  effect  that  several  transmission 
channels  between  BS  and  MS  exist  which  experi¬ 
ence  more  or  less  independent  fading  processes. 
The  effective  fading  depths  can  be  reduced  by 
space  diversity  [2]. 

In  the  other  approach  termed  directional  di¬ 
versity,  the  different  antennas  are  directive  an¬ 
tennas  positioned  at  virtually  the  same  loca¬ 
tion,  covering  however  different  sectors  of  space. 
These  sectors  may  be  disjoint  or  overlapping. 
The  radiated  waves  follow  certain  paths,  which 
leave  the  location  of  the  transmitter  in  cer¬ 
tain  directions  and  which  impinge  on  the  re¬ 
ceiver  location  from  certain  directions.  Measure¬ 
ment  results  obtained  in  the  RACE  (Research 
and  Development  of  Advanced  Communications 
Technologies  in  Europe)  II  project  TSUNAMI 
(Technology  in  Smart  Antennas  for  Universal 
Advanced  Mobile  Infrastructure)  impressively 
illustrate  the  directional  anisotropy  of  mobile 
radio  channels  for  different  environments  [3]. 
In  a  multi-antenna  system  using  directional  di¬ 
versity  one  can  benefit  from  this  directional 
anisotropy  in  several  ways.  At  the  receiver, 
by  preferably  evaluating  the  signals  emerging 
from  those  antennas  offering  high  carrier-to- 
interference  {C/I)  ratios,  the  effective  C/I  can 
be  enhanced.  At  the  transmitter,  by  radiating 
preferably  into  those  directions  in  which  wave 
propagation  to  the  receiver  has  the  lowest  atten¬ 
uations,  the  radiated  power  and  the  interference 
to  other  receivers  can  be  reduced.  As  another  fa¬ 
vorable  effect,  the  effective  delay  spread  can  be 
reduced  by  directional  diversity  because  the  sub¬ 
sets  of  paths  addressed  by  directional  antennas 
usually  have  lower  delay  spreads  than  the  aggre¬ 
gate  channel  that  would  be  measured  between 
omnidirectional  antennas  [4].  Finally,  like  in  the 
case  of  space  diversity,  a  reduction  of  the  effec¬ 
tive  fading  depths  can  be  achieved  by  directional 
diversity.  To  conclude,  the  application  of  mul¬ 
tiple  directive  antennas  in  mobile  radio  systems 
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may  lead  to  significant  capacity  benefits.  This 
is  also  true  for  SDMA  (Space  Division  Multiple 
Access)  schemes  [5,  6],  which  are  closely  related 
to  directional  diversity  considered  in  this  paper. 

To  quantify  the  benefits  diversity  techniques,  in 
particular  of  the  rather  novel  directional  diver¬ 
sity,  in  mobile  radio  system  concepts  simula¬ 
tion  is  a  powerful  and  inexpensive  alternative  to 
building  testbeds  A  prerequisite  for  simulations 
is  the  availability  of  a  realistic  model  of  the  mo¬ 
bile  radio  channel.  In  particular,  the  spatially 
anisotropic  wave  propagation  leading  to  spatial 
spreading  must  be  considered  in  such  a  model. 
In  this  paper,  a  flexibly  configurable  statistical 
channel  model  for  mobile  radio  systems  using 
directional  diversity  is  presented.  The  parame¬ 
ters  of  this  model  which  is  available  as  a  FOR- 
TRAN77  program  can  be  easily  adjusted  to  var¬ 
ious  propagation  areas.  Therefore,  the  model  is 
well  suited  to  perform  simulations,  evaluations 
and  comparisons  of  mobile  radio  systems. 

The  paper  is  organized  as  follows.  In  Section 
2,  the  fundamentals  necessary  to  model  mo¬ 
bile  radio  channel  impulse  responses  encoun¬ 
tered  in  systems  using  directional  diversity  are 
presented.  Based  on  these  fundamentals,  in  Sec¬ 
tion  3  a  statistical  channel  model  adjustable 
to  rural,  urban,  microcellular  and  picocellular 
propagation  areas  is  proposed.  In  Section  4, 
the  validity  of  the  model  is  illustrated  by  typi¬ 
cal  simulation  results,  and  the  above-mentioned 
reduction  of  the  effective  delay  spread  achieved 
by  using  directional  diversity  is  shown.  Finally, 
Section  5  presents  simulation  results  concerning 
a  CDMA  mobile  radio  system  concept  with  joint 
detection  (JD)  [7]  which  uses  multiple  directive 
BS  antennas;  it  is  shown  that  significant  C// 
improvements  can  be  achieved  as  compared  to 
systems  using  omnidirectional  BS  antennas. 

3  CHANNEL  IMPULSE  RESPONSES 
IN  MOBILE  RADIO  SYSTEMS 
WITH  DIRECTIONAL  DIVERSITY 

As  an  elementary  situation,  multi-path  trans¬ 
mission  between  the  antenna  inputs  of  a  MS 
and  a  BS,  both  using  single  antennas,  is  con¬ 
sidered.  Similar  to  the  approach  chosen  in  [7], 
in  this  consideration  also  the  characteristics  of 
the  modulator,  demodulator,  transmitter  filter, 
receiver  filter  etc.  are  included.  The  BS  and  its 
antenna  are  assumed  to  be  at  a  fixed  location, 
whereas  the  MS  and  its  antenna  may  be  in  mo¬ 
tion.  In  order  to  formulate  the  low  pass  equiva¬ 
lent  h(r,  t)  of  the  time  varying  channel  impulse 
response  of  said  transmission,  the  space  angle 


variable  Q,  is  used  which  was  introduced  in  [8]. 
Cl  ranges  on  a  hypothetical  sphere  S  of  arbitrary 
radius  centered  at  the  location  of  the  BS  antenna 
and  uniquely  determines  a  direction  in  space  rel¬ 
ative  to  the  BS  antenna.  Further,  we  introduce 
the  following: 

i9(t,  t,D);  Time  variant  directional  distribu¬ 
tion  of  the  channel  impulse  response 
seen  from  the  BS  antenna.  The 
product  ^(r,  t,  D)  ■  dfl  represents  the 
contribution  to  the  total  channel  im¬ 
pulse  response  associated  with  a  dif¬ 
ferential  area  df2  on  S  around  D. 
i?(r,  t,D)  is  time  variant  mainly  due 
to  the  motion  of  the  MS  and  is  de¬ 
termined  by  the  location,  orienta¬ 
tion,  and  characteristics  of  the  MS 
antenna,  the  velocity  v  of  the  MS 
and  by  the  topographical  and  mor- 
phographical  properties  of  the  prop¬ 
agation  area. 

g{T,Q):  Characteristic  of  the  BS  antenna. 

£(r,  D)  is  considered  to  be  time  in¬ 
variant.  In  the  case  of  an  infinitely 
broadband  receiving  antenna,  the 
dependence  of  £(t.  Cl)  on  t  would  be 
given  by  the  delta  function. 

/(r):  Impulse  response  jointly  represent¬ 
ing  the  transfer  characteristics  of 
modulator,  demodulator,  transmit¬ 
ter  filter,  receiver  filter  etc.,  see  also 

[2,  7]. 

With  these  quantities,  the  time  variant  impulse 
response  takes  the  form 

h{T,  t)  =  J  *  £{d  *  /('^)  (1) 

where  convolution  denoted  by  in  (1)  is  to  be 
performed  with  respect  to  t. 

Expression  (1)  can  be  generalized  to  cases  en¬ 
countered  in  mobile  radio  systems  with  several 
co-located  directive  BS  antennas  and  multi-user 
operation.  With  K  the  number  of  different  users 
and  Ka,  the  number  of  directive  BS  antennas,  the 
impulse  response 

j  (r,  t,  Cl)  *  (r.  Cl)  *  /(*)  (r)  dCl, 

S 

k  =  l...K,  fca=l.--7^a,  (2) 
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is  valid  for  the  transmission  between  MS  k  and 
BS  antenna  k^.  In  (2),  the  upper  indices  k  and 
k^  identify  the  individual  user  or  BS  antenna,  re¬ 
spectively.  The  K  K^  channel  impulse  responses 
of  (2)  have  the  discrete-time  representations 

where  Tc  and  W  have  to  be  chosen  according  to 
the  system  bandwidth  and  the  delay  character¬ 
istics  of  the  mobile  radio  channel,  see  [2,  7]. 

When  formulating  (2)  it  was  assumed  that,  in 
the  sense  of  directional  diversity,  all  ifa  BS  an¬ 
tennas  are  at  the  same  location.  This  is  e.g. 
true  if  the  i^a  BS  antennas  are  the  sectors  of 
a  iCa-sectored  antenna.  If  the  K^,  BS  antennas 
would  be  at  different  locations,  for  each  BS  an¬ 
tenna  a  generally  different  distribution  function 
t,  f2)  had  to  be  considered. 

4  STATISTICAL  CHANNEL  MODEL 
4.1  Basic  approach 

In  what  follows,  the  directional  considerations 
are  restricted  to  the  horizontal  plane,  which  does 
not  mean  a  severe  restriction  of  generality  when 
dealing  with  mobile  radio  scenarios.  Then,  in 
the  above  expressions  (1)  and  (2),  the  quantity 
has  to  be  replaced  by  the  azimuth  angle  ip 
relative  to  the  BS,  and  (2)  takes  the  form 

2-k 

J  (r,  t,  p)  *  (r,  ip)  *  (r)  d(/j, 

0 

k  =  l...K,  k^  =  l...K^.  (4) 

It  is  further  assumed  that  the  MS  antenna  is 
omnidirectional. 

In  order  to  model  the  distribution  functions 
(r,  i,  yj)  occurring  in  (4),  a  large  number  of 
scattering  points  is  placed  in  the  propagation 
area.  These  points  can  e.g.  be  selected  according 
to  the  topographical  and  mormographical  situ¬ 
ation.  The  entity  of  scattering  points  form  a 
model  of  the  physical  propagation  area.  Fig.  1 
shows  a  BS/MS  configuration  with  one  of  said 
scattering  points,  which  has  the  distances  ri  and 
r2  from  MS  or  BS,  respectively.  The  scattering 
point  appears  under  azimuth  angle  from  the 
BS  and  is  assumed  to  have  the  scattering  coef¬ 
ficient  a  ■  exp(j0).  The  MS  is  assumed  to  have 


velocity  v  so  that  ri  in  general  varies  with  time. 
If  the  MS  in  the  configuration  shown  in  Fig.  1  is 
MS  k,  the  contribution  of  the  shown  scattering 
point  to  the  distribution  function  (r,  t,  p)  in 
(4)  is 

t,  p)  =  •  a  •  exp(j0)  (5) 


■6  {p  -  ps) 

where  a  is  the  attenuation  exponent,  cq  is  the 
velocity  of  light  and  /o  is  the  carrier  frequency. 
The  second  exponential  function  on  the  right 
hand  side  of  (6)  represents  the  Doppler  shift 
of  the  contribution  A^^\T,t,p).  Summing  up 
the  contributions  of  all  scattering  points  yields 
d^'^\T,t,p).  In  the  following,  a  is  set  equal  to 
two. 

In  order  to  physically  model  propagation,  the  to¬ 
tal  propagation  area  is  hierarchically  subdivided 
as  follows,  see  Fig.  2: 

-  Regions  without  scatterers. 

-  Wa  circular  scattering  areas  numbered 

with  na  =  1 . . .  Aa.  The  diameter  of  scat¬ 
tering  area  is  termed  The  scat¬ 

tering  areas  may  e.g.  represent  urban  or 
suburban  ensembles  of  buildings. 

-  circular  scatterers  numbered  with 
=  1 . . .  As^"“^  associated  with  each 

scattering  area  na,  which  have  the  diame¬ 
ters  dn^.  The  centers  of  the  circu¬ 

lar  scatterers  lie  within  scattering  area  na- 
The  scatterers  may  e.g.  model  individual 
buildings. 

-  Ap("^)  scattering  points  within  each  cir¬ 
cular  scatterer  of  scattering  area  na.  The 
scattering  points  may  e.g.  correspond  to 
individual  spots  on  a  building  from  which 
scattered  waves  originate. 

4.2  Selection  of  propagation  environ¬ 
ments 

The  authors  propose  variants  of  the  model  for 
five  diflFerent  propagation  environments  depicted 
in  Fig.  3a-e,  namely  rural,  urban  1,  urban  2,  mi- 
crocellular  and  picocellular.  In  all  five  models, 
scattering  area  1  is  centered  at  the  MS  location. 
The  models  urban  1,  urban  2,  microcellular  and 
picocellular  comprise  a  second  scattering  area, 
see  Fig.  3b-e.  For  the  geometrical  parameters 
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d,  Di,  D2,  di  and  ^2,  see  Figs.  2  and  3,  and 

for  the  numbers  nJ'^\  and 

default  values  are  given  in  Table  1.  These  val¬ 
ues  were  selected  based  on  geometrical  consid¬ 
erations.  For  the  model  variants  urban  1  and 
urban  2  it  was  e.g.  assumed  that  the  horizontal 
extensions  of  buildings  and  ensembles  of  build¬ 
ings  axe  20m  and  1.5km,  respectively.  In  the 
FORTRAN??  program,  the  model  parameters 
can  be  easily  adjusted  depending  on  the  indi¬ 
vidual  situation.  Work  has  still  to  be  done  to 
determine  parameter  sets,  which,  e.g.  based  on 
measurements,  satisfyingly  match  with  reality. 

4.3  Incorporation  of  statistical  proper¬ 
ties 

The  performance  of  mobile  radio  systems  can 

e. g.  be  characterized  by  mean  values  and  vari¬ 
ances  of  bit  error  probabilities  (BER)  which 
are  experienced  when  the  mobiles  move  through 
propagation  areas  of  a  certain  type.  In  order  to 
reliably  obtain  such  quantities  by  simulations, 
which  have  to  take  into  account  practically  all 
possible  propagation  situations  encountered  in 
the  considered  type  of  propagation  area,  a  statis¬ 
tical  propagation  model  is  required.  Such  a  sta¬ 
tistical  feature  is  implemented  in  the  proposed 
channel  model  by  introducing  the  possibility  of 
Monte  Carlo  simulation  in  the  following  way: 

-  Select  the  model  variant  for  a  desired  prop¬ 
agation  environment,  see  Fig.  3,  and  its 
parameters,  see  e.g.  Table  1. 

-  Generate  a  large  ensemble  of  model  sam¬ 
ples  of  the  selected  propagation  environ¬ 
ment  by  repeatedly  distributing  the  scat- 
terers  over  the  scattering  areas  and  the 
fixed  number  of  scattering  points  within 
the  scatterers  in  a  random  way. 

-  Let  MS  move  a  few  wavelengths  in  each 
model  sample  and  determine  e.g.  BER  say 
every  10*^  of  a  wavelength. 

-  Take  all  obtained  BERs  to  determine  e.g. 
mean  value  and  variance  of  BER. 

When  generating  said  random  distributions  of 
scattering  points,  uniform  distributions  are  the 
most  obvious,  and  scattering  points  closer  to 
BS  or  MS  than  a  minimum  distance  dBmin  or 
respectively,  are  omitted  because  such 
scattering  points  would  lead  to  excessive  val¬ 
ues  of  A^^)(r,  see  (6).  Default  values  for 
those  minimum  distances  are  contained  in  Ta¬ 
ble  1.  Concerning  the  scattering  coefficient 


a  ■  exp(j0),  see  Section  3.1,  an  obvious  approach 
would  be  to  assign  all  scattering  points  the  same 
absolute  value  a  and  arguments  6  selected  ran¬ 
domly  in  [0, 27r).  This  approach  was  followed 
when  performing  the  simulation  results  shown  in 
the  following.  However,  the  implemented  FOR¬ 
TRAN??  program  allows  also  other  selections  of 
a  ■  exp(j0). 

5  EXAMPLES  OF  AND 

In  what  follows,  the  carrier  frequency  /o  = 
1800MHz  and  the  default  values  of  Table  1 
are  presupposed.  In  Figs.  4a  and  b,  the  ab¬ 
solute  values  of  two  distributions  (r,  ,  (^) 

and  normalized  to  one  are  shown, 

which  were  obtained  for  one  sample  of  the  mi- 
crocellular  model  at  instants  ti  or  t2  =  ti  +  2ms, 
respectively,  with  the  MS  velocity  being  25m/s. 
Time  variance  and  the  strong  dependence  on  the 
azimuth  angle  y?  are  evident.  Figs.  5a-e  show 
runs  of  the  absolute  value  \h{T,t)\  of  h(r,  t)  for 
cases  when  MS  again  moves  with  the  velocity 
25m/s  in  an  urban  2  model  sample,  and  the  cor¬ 
responding  power  delay  profiles  P(r)  [9].  Fig.  5a 
is  valid  for  the  case  that  a  single  omnidirectional 
antenna  is  used  at  the  BS,  whereas  Figs.  5b-e  are 
valid  when  four  ideal  directive  antennas  are  em¬ 
ployed  at  the  BS,  each  antenna  having  an  aper¬ 
ture  of  90°  and  covering  disjoint  azimuth  sectors. 
It  can  be  seen  that  the  delay  spreads  experi¬ 
enced  by  the  directive  antennas  are  considerably 
smaller  than  the  delay  spread  valid  for  the  omni¬ 
directional  antenna.  Furthermore,  in  the  case  of 
ideal  directive  antennas  the  time  variance  of  the 
impulse  responses  seen  by  the  directive  antennas 
is  reduced,  see  Figs.  5b-e. 

6  BENEFITS  OF  DIRECTIONAL  DI¬ 
VERSITY  IN  A  JD-CDMA  MOBILE 
RADIO  SYSTEM 

Presently,  many  researchers  around  the  world 
are  engaged  in  designing  multiple  access  schemes 
for  third  generation  mobile  radio  systems.  One 
approach  would  be  to  set  out  from  second  gen¬ 
eration  systems  like  GSM  and  to  arrive  at  third 
generation  systems  by  evolution.  This  is  the  ob¬ 
jective  of  ongoing  work  on  JD-CDMA  [2,  ?].  The 
structure  of  the  uplink  of  a  JD-CDMA  mobile 
radio  system  is  depicted  in  Fig.  6.  Each  mobile 
uses  a  single  transmitter  antenna.  At  the  base 
station,  the  signals  received  via  Ka,  receiver  an¬ 
tennas  are  combined  by  adding  the  output  sig¬ 
nals  of  Ka,  matched  filter  banks  (MF-bank),  each 
containing  K  filters  matched  to  the  resulting 
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transmission  channel  between  data  source  k,  k  = 
1 . .  .K,  and  receiver  antenna  ka,,  k^  =  1 ...  K^. 
This  combining  technique  is  termed  maximal- 
ratio  combining  (MRC)  [2],  After  signal  combi¬ 
nation,  both  inter  symbol  interference  (ISI)  and 
multiple  access  interference  (MAI)  are  cancelled 
in  the  ISI  &  MAI  canceller.  This  unit  can  be 
realized  by  either  more  elaborate  optimal  non¬ 
linear  equalizers  or  more  favorable  sub-optimum 
linear  equalizers  [2,  7].  Unfortunately  the  op¬ 
timum  maximum-likelihood  JD  receiver  is  pro¬ 
hibitively  expensive.  Therefore,  sub-optimum 
JD  techniques  have  to  be  used  [2,  7].  By  exten¬ 
sive  simulations  with  the  above  introduced  sta¬ 
tistical  channel  model,  the  authors  determined 
Cjl  improvements  g  which  could  be  achieved 
in  JD-CDMA  by  using  multiple  directive  anten¬ 
nas  at  BS  instead  of  one  omnidirectional  BS  an¬ 
tenna.  As  an  example.  Fig.  7  shows  g  versus 
time  t  for  a  particular  MS  moving  with  veloc¬ 
ity  25m/s  through  a  model  sample  of  the  prop¬ 
agation  environment  urban  2  in  the  case  that 
an  antenna  with  eight  45°-sectors  is  deployed  at 
BS.  The  mean  value  of  g  for  the  considered  time 
interval  is  16.2  dB.  This  C/I  improvement  al¬ 
lows  the  reduction  of  the  complexity  of  the  JD- 
receiver  or  the  enhancement  of  the  transmission 
quality. 

7  CONCLUSIONS 

Due  to  multi-path  propagation  effects  in  mobile 
radio  systems,  the  waves  associated  with  a  par¬ 
ticular  transmitter  are  not  incident  completely 
isotropically  at  the  receiver  site.  Therefore,  be¬ 
sides  time  variance  and  frequency  selectivity,  a 
basic  property  of  the  mobile  radio  channel  is  the 
spatial  spreading  of  incident  radio  waves.  This 
has  to  be  considered  in  realistic  channel  mod¬ 
els.  In  this  paper,  a  flexibly  configurable  sta¬ 
tistical  channel  model  including  the  effects  of 
spatial  spreading  is  presented  in  order  to  enable 
the  validation  of  system  concepts  using  direc¬ 
tional  diversity.  The  parameters  of  this  model 
which  is  available  as  a  FORTRAN77  program 
can  be  easily  adjusted  to  various  propagation 
areas.  Therefore,  the  model  is  well  suited  to 
perform  simulations,  evaluations  and  compar¬ 
isons  of  mobile  radio  systems.  Based  on  this 
model,  quantitative  examples  for  the  C/I  im¬ 
provements  achievable  by  directional  diversity 
in  a  CDMA  mobile  radio  system  using  joint  de¬ 
tection  are  given.  The  influence  of  directional 
diversity  on  the  system  capacity  has  to  be  in¬ 
vestigated  by  further  simulations  based  on  the 
proposed  channel  models.  The  properties  of  ran¬ 
domly  generated  impulse  responses  have  to  be 
compared  with  measured  ones  in  order  to  satis- 
fyingly  match  with  reality. 
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rural 

urban  1 

urban  2 

micro 

pico 

d/km 

10 

3 

3 

1 

0.2 

Di/km 

0.2 

1.5 

1.5 

1 

0.2 

D2/km 

- 

1.5 

1.5 

0.3 

0.2 

iVs(i) 

12 

12 

12 

12 

12 

Ar,(2) 

- 

12 

12 

6 

12 

iVp(i) 

50 

50 

50 

50 

50 

iVp(2) 

- 

50 

50 

50 

50 

di/m 

30 

20 

20 

10 

5 

6,2  Ira 

- 

20 

20 

20 

5 

da  min/j^ 

- 

10 

10 

5 

5 

dM  min/m 

10 

5 

5 

5 

1 

Table  1:  Default  values  of  model  parameters 


scattering  point 


Figure  1:  BS/MS  configuration  with  scattering  point 


N,  =2 
=  5 
=  3 
=  4 
=  3 


Figure  2:  Hierarchical  subdivision  of  propagation  area 
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Figure  6:  Structure  of  the  uplink  in  a  JD-CDMA  system  using  antenna  diversity  in  the  receiver 


10  ■  logio(p)/dB 


Figure  7:  C/I  improvement  g  in  a  JD-CDMA  system  versus  t;  BS  antenna  with  eight  45°-sectors; 
microcellular  model  scenario 
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DISCUSSION 


Discusser’s  name: 


E.  Van  Lil 


Comment/Question: 

As  an  antenna  engineer  I  am  convinced  that  analog  preprocessing  will  enhance  substantially  the 
performance  of  the  system.  One  of  the  reasons  is  that  the  postprocessing  will  behave  in  a  digital 
way.  Could  you  comment  on  the  influence  of  the  discretization  error  introduced  by  the  A/D 
conversion  process? 

Author/Presenter’s  reply: 

Several  simulations  of  the  considered  JD-CDMA  mobile  radio  system  including  the  effects  of  finite 
word  length  in  ND  D/A-conversion  and  the  transfer  characteristics  of  analog  filters  were 
performed,  see  e.g.  “Realistic  simulation  of  a  JD-CDMA  mobile  radio  system  using  coherent 
antenna  diversity”  in  the  proceedings  of  the  IEEE  International  Symposium  on  Spread  Spectrum 
Techniques  and  Applications,  Oulu.  Finland  (1994).  If  a  resolution  of  8  bits  is  used  in  the 
transmitter  and  the  receiver,  the  degradation  at  a  BER  of  10  -3  is  approximately  IdB. 
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Abstract 

Several  techniques  to  compute  error  probability  in  optical  communication  systems  exist.  Three 
methods  of  calculation  are  analyzed  :  Gaussian  approximation,  Gram-Charlier  series  and  Gauss 
quadrature  rule.  Some  results  and  comparisons  for  binary  systems  are  presented. 

I.  Model 

Fig.l  gives  a  version  of  the  receiver  model  and  allows  us  to  emphasize  the  noise  contributions.  The 
photodetection  process  (before  avalanche)  obeys  Poisson  statistics.  The  number  of  photoelectrons 
generated  per  second,  7(0,  is  related  to  the  incident  optical  power  by 

yit)  =  ^  P(t)  +  Yo  (1) 

hv  “ 

where  ri  is  the  detector  quantum  efficiency,  Yo  is  the  dark  current,  PR(t)  is  the  optical  signal  at  the 


Figure  1  :  Receiver  model 


The  output  of  the  receiver  is  given  by  the  sum  of  a  randomly  multiplied  filtered  Poisson  process  ip(t) 
plus  an  independent  zero-mean  Gaussian  thermal  noise  ij|,(t).  The  current  i(t)  at  the  input  of  the 
decision  device  can  be  expressed,  for  t>0,  as 

N(() 

+  /Jf)  (2) 

Jt*l 


where  N(t)  is  an  inhomogeneous  counting  process  such  that  N(t)  is  the  number  of  photoelectrons 
generated  during  [0,t],  t,,  is  the  emission  time  and  g^  is  the  random  avalanche  gain  of  the 
photodiode.  Here  q  is  the  charge  of  an  electron  (1.6  lO  ^’C)  and  hK(t)  denotes  the  photodiode  plus 
equalizer  impulse  response. 

IL  Computation 

We  assume  that  the  pattern  process  {ap}={...,a.j,ao,ai,...}  is  strict-sense  stationary  and  that  threshold 
decision  on  the  symbol  a,,  is  taken  from  the  receiver  output  at  a  sampling  instant  to. 

Our  aim  is  the  evaluation  of  the  average  error  probability  PE=E[PE|ao],  where  PE|ao  is  the 
conditional  error  probability  given  that  a  particular  ao  has  been  transmitted.  This  requires  the 
knowledge  of  the  conditional  distribution 

f(siv  .  P[i/(.).,„(g<s|«.i  (3) 


where  S  is  the  decision  threshold. 

Paper  presented  at  the  AGARD  SPP  Symposium  on  “Digital  Communications  Systems:  Propagation  Effects, 
Technical  Solutions,  Systems  Design’’,  held  in  Athens,  Greece,  18-21  September  1995  and  published  in  CP-574. 
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Simple  ao-conditioning  is  not  sufficient  to  assign  completely  the  intensity  of  ip.  Indeed,  conditioning 
on  the  whole  pattern  (ap)  is  necessary.  Thus,  we  introduce  the  pattern-conditional  distribution 

From  the  pattern-conditional  distribution  so  calculated,  the  desired  symbol-conditional  distribution 
is  obtained  by  averaging  with  respect  to  (ap)  with  ag  given  : 

F(S|flp)=E[F(S|^})lflJ  (5) 


1,  Gaussian  approximation 

The  simplest  approach  to  compute  the  error  rate  is  to  approximate  i(to)  as  a  Gaussian  random 
variable.  In  this  approximation,  one  only  needs  to  calculate  the  mean  and  variance  of  iftp)  in  each 
sequence  {ap}.  The  means  (p  I  (ap))  and  variances  {cFljap))  are  very  simple  to  obtain  [1].  Hence,  (4) 
becomes 


f 

F{S\[a^})  =  O. 

V 


S-pi(fl 


where  O  represents  the  cumulative  function  of  the  normalized  Gaussian  distribution. 

2.  Gram-Charlier  Series 

We  can  use  Gram-Charlier  series  to  calculate  the  pattern-yonditional  distribution  [2] 

F(si(V)  =  pr'’(s) 

m=3  ^ 


(6) 


(7) 


The  computation  of  the  coefficients  d|,3p,„  only  requires  knowledge  of  the  cumulants  of  iftp). 

If  the  number  of  terms  N  used  in  the  series  (equation  7)  is  large  enough,  we  can  consider  then  we 
calculate  "exact"  results. 


3.  Gauss  quadrature  rule 

With  this  method,  no  assumption  is  made  about  the  statistical  distribution  of  Ktp). 
Let  denote  the  variance  of  zero-mean  Gaussian  random  variable  iih(to).  Then 


=  £[p[i,„((.)<s-i,(y|y(.)i]  -  e(  ® 


1 

(S-iiL)] 

=  E[  O 

P  0 

J 

1  J 

(8) 


As  the  probability  density  function  of  ipftp)  is  unknown,  (8)  is  evaluated  using  a  Gauss  quadrature 
rule  which  only  requires  knowledge  of  the  moments  of  ipftp),  which  can  be  computed  from  the 
cumulants.  Using  the  first  2K+1  moments  of  ip(to)  we  have  {3] 

i-i 


s-(Eb;(f3)]+x.) 


(9) 


where  W;  and  are  the  weights  and  abscissas,  respectively,  defined  by  the  integration  method. 

If  the  number  of  terms  K  taken  into  account  (equation  8)  is  large  enough,  this  method  allows  the 
calculation  of  "exact"  error  probabilities  too. 
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in.  Results  and  comparisons 

Error  probability  is  computed  as  function  of  the  optical  power  (Fig.2-7)  for  a  binary  system  with  a 
wavelength  of  1.3  pm.  The  received  optical  pulses  are  Gaussian  shaped  s(t)=A  exp(-8BV)  where  the 
value  of  A  for  a  '0'  is  then  percent  of  the  value  of  A  for  a  '1'.  The  photodiode  impulse  response  hgCt) 
is  rectangular  time  function  of  duration  T=l/B.  The  thermal  noise  power  of  the  receiver  is  assumed 
to  be  o^ti,=2.56  10"'® Al  The  dark  current  of  the  photodetector  is  neglected  and  the  parameter  r\  is 


Figure  2  :  Comparison  between  Gaussian  Figure  3  :  Comparison  between  Gaussian 
approximation  and  Gram-Charlier  series  approximation  and  Gauss  quadrature  rule 


approximation  and  Gram-Charlier  series 


Figure  5  :  Comparison  between  Gaussian 
approximation  and  Gauss  quadrature  rule 


First,  Fig.2-3  show  numerical  results  for  data  rate  B  of  622.08  Mbit/s  and  an  avalanche,  photodiode 
with  a  gain  of  10.  Fig.2  shows  a  comparison  between' Gaussian  approximation  and  Gram-Charlier 
method  with  different  values  of  N.  For  N=3  and  N=5,  vertical  lines  mean  that  for  higher  power,  the 
compute  error  probability  becomes  negative.  Fig.3  shows  a  comparison  between  Gaussian 
approximation  and  Gauss  quadrature  method  with  different  values  of  K. 

Next,  Fig.4-5  show  numerical  results  for  data  rate  of  2488.32  Mbit/s  and  an  avalanche  photodiode 
with  a  gain  of  10. 
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Finally,  Fig.6-7  show  numerical  results  for  data  rate  of  2488.32  Mbit/s  and  a  PIN  photodiode. 


Figure  6  :  Comparison  between  Gaussian 
approximation  and  Gram-Charlier  series 


Figure  7  :  Comparison  between  Gaussian 
approximation  and  Gauss  quadrature  rule 


Computation  duration  for  different  simulations  is  Table  I  ;  Computation  duration  for  different 
given  in  Table  I.  methods. 

IV.  Conclusions 

We  have  compared  three  methods  for  calculating 
error  rate.  We  can  observe  that  the  Gaussian 
approximation  is  in  good  agreement  with  Gram- 
Charlier  and  Gauss  quadrature  rules  methods 
which  allow  "exact"  calculation. 

We  can  see  that,  for  small  values  of  N,  the  Gram- 
Charlier  method  can  fail  for  small  error  rates.  The 
higher  the  bit  rate  is  and  the  larger  the  avalanche 
gain  is,  the  more  rapidly  simulations  fail. 

We  can  also  observe  that  for  small  values  of  K,  the 
Gauss  quadrature  rules  method  is  less  accurate 
than  the  Gaussian  approximation.  The  higher  the 
bit  rate  is  and  the  larger  the  avalanche  gain  is,  the 
slower  the  method  converge. 

Finally,  the  Gaussian  approximation  method  is  much  quicker  and  nearly  as  accurate  as  the  two 
others. 
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Summary 

Numerical  simulations  of  soliton  transmission  are  presented.  The  optical  pulses  are  delivered  by  a  gain-coupled 
DFB  laser  using  a  gain-switching  technique.  The  important  source  features  are  reviewed,  and  a  study  of  the 
timing  jitter  is  described. 

1.  Introduction 


The  use  of  gain-switched  distributed  feedback  (DFB)  lasers  as  soliton  sources  for  long-haul,  high  bit  rate 
transmissions  is  an  issue  of  interest  [1].  If  this  technique  is  attractive  thanks  to  its  simplicity,  the  quality  of  the 
delivered  pulses  is  affected  by  namely  three  factors:  pulse  shape,  frequency  chirp  and  pulse-to-pulse  timing 
jitter. 

It  is  well-known  that  initial  departures  from  the  ideal  initial  situation  -  i.e.  a  train  of  equally  spaced,  transform- 
limited,  sech-shaped  optical  pulses  -  can  be  evacuated  during  propagation  under  the  form  of  dissipative  waves, 
provided  that  these  initial  defects  are  of  reasonable  magnitude.  The  optical  fibre  then  acts  as  a  soliton  filter, 
under  the  assumption  that  the  transmission  occurs  in  the  anomaldUs  dispersion  regime  and  that  the  pulse  initial 
peak  power  is  correctly  adapted  to  the  pulse  duration.  These  non-soliton  components  should  anyway  be 
minimized  since  they  disturb  soliton  propagation. 

2.  Numerical  Simulations 


Numerical  simulations  include  two  parts:  first,  a  complete  model  for  the  gain-coupled  DFB  laser,  then  the 
nonlinear  propagation  equation. 

('!')  Semiconductor  laser  model 

The  large-signal  dynamic  behavior  of  a  DFB  laser  with  gain  (or  loss)  coupled  grating  can  be  described  by  a  set 
of  generalized  rate  equations  [2],  in  which  the  spatial  hole  burning,  standing-wave  effect,  distributed  noises  and 
nonlinear  gain  suppression  have  been  taken  into  account. 

^  =  AG(X,u5)Sl,  +  +  3,.  +  Fst,  (t)  q  =  1,2,-  •  sQ  (1) 

^  =  ^^^^^-R(N„,)-R.t(N„.,Su.iO  +  FN.(t)  m  =  I,2,--,M  (2) 

Here  the  mode  number  is  denoted  by  q  and  the  section  number  by  ni.  Siq(t)  is  the  variation  of  optical  power 
emitted  from  left  facet  of  the  laser  cavity  and  Uq*  are  the  forward  and  backward  field  distribution  functions. 
K={N:,N2,...,Nm}  where  N„,  is  the  average  carrier  density  in  the  w/th  section.  3,t  is  the  loss  caused  by  the 
standing  wave  effect  and  the  gain  coupling  coefficient  Kg.  F>fa(t)  and  FsLq(t)  are  Langevin  noise  terms,  which 
are  related  to  the  local  spontaneous  carrier  recombination  as  well  as  the  stimulated  emission  and  absorption, 
respectively.  Other  parameters  were  explained  in  [2]. 

It  is  important  to  note  that  the  output  optical  pulse  shape  is  greatly  afl:ected  by  the  bias  current  value  Ju  and  the 
modulation  current  J(t).  Two  forms  of  current  pulses  are  used  in  our  simulations:  Gaussian  pulses  with  standard 
deviation  of  96  ps  and  rectangular  pulses  with  pulse  width  90  ps  as  well  as  rise  and  fall  times  10  ps.  The 
maximum  value  of  the  current  pulse  is  three  times  the  threshold  current.  In  order  to  obtain  the  dynamic  single 
mode  operation,  a  1.55  pm  AR-coated  274  phase-shifted  gain-coupled  DFB  laser  with  a  400  pm  long  cavity  is 
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used  as  the  soliton  source.  The  gain  coupling  coefficient  (KgL)  is  -0.2  and  the  index  coupling  is  0.8,  1.6,  2  and 
2.8.  The  laser  is  biased  just  below  the  threshold  (Ju  =  0.95  JuJ  and  modulated  by  a  train  of  electrical  pulses. 
The  modulation  frequency  is  2.5  GHz. 


(2)  Soliton  transmission 

Provided  that  the  amplifier  spacing  is  short  when  compared  to  the  soliton  period  Zo ,  one  may  describe  the 
periodically  amplified  link  by  the  following  averaged  Nonlinear  Schrodinger  Equation  (NLSE)  [3].  This 
equation  is  solved  by  the  split-step  Fourier  method  [4]; 


du 

dz 


j  d^U 
2  8^^ 


+  jyH'u 


(3) 


In  this  equation,  u  is  the  normalized  complex  field  amplitude,  z  is  the  normalized  distance  and  t  is  the 
normalized  time  in  a  framework  moving  at  the  group  velocity  [4].  The  link  parameters  are  the  following  : 
Group  Velocity  Dispersion  D  =  2  ps/(nm.km).  Nonlinear  Refractive  Index  n2  =  3  10'-°  total  length: 

10,000  km.  The  EDFA  noise  is  not  included  in  these  simulations  in  order  to  isolate  the  influence  of  the  source 
on  the  link  performances. 


Pulse  temporal  profii»  Pulss  propagation 


Figure  1:  Pulse  initial  and  final  temporal  profiles  Figure  2:  Pulse  parameters  during  propagation 


The  effect  of  pulse  dissymmetry  is  shown  hereabove:  the  strongly  asymmetric  temporal  profile  in  fig.l  results  in 
strong  fluctuations  of  the  pulse  parameters  (peak  power,  FWHM  temporal  width)  along  the  transmission  (cf 
fig.  2).  These  fluctuations  are  out  of  phase  and  more  or  less  periodic,  their  period  is  given  by  8Zo  where  Zo  is 
the  soliton  period.  This  spatial  resonance  behaviour  is  a  common  feature  of  any  perturbed  soliton  propagation 
[5].  At  the  end  of  the  link,  the  temporal  profile  is  well  fitted  to  a  sech  one.  The  pulse  frequency  chirp  is  not 
included  in  this  simulation.  Such  strong  temporal  asymmetry  can  be  avoided  thanks  to  the  use  of  a  less 
important  peak  current. 

One  way  to  solve  the  chirp  problem  is  the  so-called  narrow-band  spectral  filtering  technique  [6].  In  this 
technique,  a  narrow-band  Fabry-Perot  filter  is  used  to  select  the  transform-limited  part  of  the  pulse.  We  assume 
a  lorentzian  profile  for  the  filter.  The  power  transfer  function  is  then: 


7(0  = 


1 


!  +  (■ 


BIT 


(4) 


where  f  is  the  optical  frequency,  fo  the  filter  center  frequency  and  B  is  the  FWHM  bandwidth  of  the  filter.  Prior 
to  propagation  simulations,  the  filter  parameters  (B  and  fo )  were  carefully  chosen.  In  the  case  presented,  B  = 
0.08  nm  and  fo  =  -  0.4  nm. 

The  resulting  pulse  is  then  propagated  on  the  same  link  than  previously,  with  its  initial  peak  power  adapted  to 
its  duration.  The  output  pulse  profile  is  shown  at  fig.3  with  the  ideal  output  pulse  (no  frequency  chirp).  These 
results  are  pretty  close  to  each  other. 
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Pube  propagation 


Nevertheless,  even  tliough  the  pulse  spectrum  ftilfils  the  transform-limited  condition,  phase  noise  can  affect  the 
pulse  train  at  the  output  of  the  laser.  The  spectral  signature  of  this  noise  is  very  narrow,  so  that  the  transform- 
limited  condition  is  not  sufficient  to  characterize  the  quality  of  a  pulse  source.  Experiments  lead  by  Mollenauer 
et  al.  [7]  show  that  pulse-to-pulse  jitter  is  a  major  defect  of  the  gain-sw'itching  technique  for  soliton  propagation 
over  long  distances. 

The  pulse-to-pulse  jitter  is  certainly  the  most  demanding  effect  as  far  as  computation  effort  is  concerned.  It  can 
be  analysed  following  two  ways.  The  first  way  consists  in  a  computation  of  the  timing  of  individual  pulses 
along  dieir  propagation.  The  jitter  is  then  characterised  by  the  standard  deviation  of  this  timing.  One 
alternative  way  consists  in  drawing  the  eye  diagram  at  the  end  of  the  link.  This  analysis  is  thus  qualitative  and 
only  valid  for  comparative  studies. 

Such  comparative  analysis  is  presented.  A  pseudo-random  164)it  pulse  sequence  with  intensity  and  phase 
noises  is  propagated  along  the  link.  The  bit  slot  is  400  ps,  corresponding  to  a  2.5  Gbit/s  bit  rate.  The  jitter 
effects  were  studied  for  different  kL  parameters.  A  value  of  kL  =  1.6  was  chosen  as  it  results  in  a  better  eye 
diagram  opening  at  the  laser  output.  The  eye  diagram  of  fig.  5b  is  strongly  degraded  by  the  pulse-to-pulse  jitter. 
This  problem  can  be  overcome  by  using  solitoii-control  techniques  [9-11],  which  have  first  been  used  to  reduce 
the  so-called  Gordon-Haus  effect  [8].  Equation  (3)  is  then  perturbed  in  the  following  way  [11]: 


— 

dz 


j  d^U 
2dx^ 


+  j\u\^U+dU-^( 

oX 


(5) 


The  filtering  action  is  described  by  three  parameters  :  the  filter  strength  p,  the  sliding  term  (Of  =  (0®  +  do)f/dz 
and  the  excess  gain  coefficient  5.  The  results  are  shown  in  fig.  5c,  with  5  =  0.01  ,  p  =  0.03.  One  can  easily  see 
the  dramatic  improvement  obtained  thanks  to  this  technique  (fig.  5c).  The  use  of  sliding  filters  allows  still  more 
complete  recoveiy  of  the  initial  eye  diagram  aperture  (fig.  5d).  In  this  method,  the  central  frequency  of  the 
filters  is  gradually  changed  along  the  link.  The  soliton  then  follows  the  filter  displacement  whereas  linear 
components  (noise,  CW  components)  are  not  able  to  readjust  their  frequency  spectnim  and  are  eventually 
damped  out  [llj.The  filter  parameters  were  in  this  case:  5  =  0.05  ,  P  =  0.1,  sliding  rate  dco/dz  =  0.03.  One  can 
see  that  this  technique  allows  the  use  of  stronger  filters  (higher  P  values)  and  thus  a  better  suppression  of  non- 
soliton  components. 

3.  Conclusions 


Numerical  simulations  of  the  propagation  of  picosecond  optical  pulses  delivered  by  a  gain-coupled  DFB  laser 
have  been  presented.  These  simulations  show,  the  influence  of  different  features  of  gain-switched  pulses: 
dissymmetry,  chirp  and  timing  jitter.  If  solutions  exists  for  the  first  two  problems,  the  latter  is  more  delicate. 
However,  this  problem  can  be  solved  in  the  same  way  that  the  so-called  Gordon-Haus  effect,  thanks  to  the  use 
of  fixed  or  sliding  filters  placed  along  the  link. 
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Figure  5:  Eye  diagrams  :  (a)  at  the  laser  output,  (b)  at  the  link  output, 

(c)  at  the  link  output  for  fixed  filters,  (d)  at  the  fibre  output  for  sliding  filters 
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DISCUSSION 


Discussor’s  name: 


N.  Farsaris 


Comment/Question: 

Did  you  take  into  account  fibre  attenuation  and  what  was  the  distance  between  two  optical  filters 
in  the  link? 


Author/Presenter’s  reply: 

The  fibre  attenuation  was  taken  into  account  by  assuming  periodical  optical  amplification  by 
means  of  Erbium-Doped  Fibre  Amplifiers  (EDFA’s).  The  spacing  between  the  filters  was 
assumed  to  be  the  same  as  the  amplifiers’  spacing  (typically  30-50  km). 
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SUMMARY 

With  high  frequency  portable  communication 
systems  becoming  more  common,  the  need  for 
fast  and  accurate  predictions  of  high 
frequency  radio  propagation  in  urban 
environments  has  rapidly  increased.  Until 
recently  such  predictions  were  usually 
based  on  empirical  methods,  especially  if 
relatively  large  numbers  of  predictions 
were  required.  But  advances  in  both 
computational  methods  and  computer  speeds 
now  allow  for  fast,  site-specific 
predictions  of  radio  propagation  even  in 
complex  urban  areas.  In  this  paper  we  are 
primarily  concerned  with  narrow  band 
signal  attenuation,  but  the  ray  methods  to 
be  discussed  are  also  applicable  to 
determination  of  signal  delay  and  delay 
spread.  Various  approaches  being  used  for 
such  predictions  are  discussed  in  this 
paper.  The  most  popular  current 
approaches  involve  some  combination  of 
shooting  multiple  rays  and  evaluating 
their  amplitudes  using  diffraction  theory. 
For  this  reason  we  will  concentrate  our 
paper  on  this  approach.  Basic 
considerations  in  the  application  of  ray 
methods  will  be  discussed,  and  some 
typical  results  are  presented. 


1 _ INTRODUCTION 

In  this  paper  we  are  concerned  with 
predicting  radio  propagation  path  loss  for 
high  frequency  communication  in  urban 
environments.  By  high  frequency  we  mean 
frequencies  such  that  the  building 
dimensions  are  very  large  when  measured  in 
wavelengths.  This  is  often  considered  to 
include  frequencies  above  900  MHz,  but 
lower  frequencies  may  also  be  considered. 

Until  relatively  recently,  site-specific 
predictions  were  not  possible  given 
realistic  limits  on  the  amount  of  both 
human  and  computer  time  that  could  be 
expended.  Instead  of  site-specific 
methods,  empirical  methods  were  applied. 
These  are  not  specific  to  a  particular 
site,  but  classify  sites  in  categories, 
such  as  dense  urban,  suburban,  rural,  etc. 
Path  loss  is  estimated  based  on  these 
classification  and  on  the  distance  between 
the  transmitter  and  receiver  antennas. 


These  methods  obviously  cannot  provide 
predictions  for  specific  paths.  They  are 
useful  for  providing  area  coverage 
statistics,  and  have  the  advantage  of 
being  very  fast  to  apply  even  on  computers 
of  limited  capability. 

Before  considering  site-specific 
predictions  in  any  detail,  let  us  first 
discuss  what  it  is  we  hope  to  predict,  and 
what  we  can't  predict.  Variations  in 
signal  level  due  to  interference  between 
energy  traveling  via  different  paths 
usually  cannot  be  predicted.  This  "fast" 
fading  occurs  over  distances  of  about  1/2 
wavelength,  and  can  be  many  dB.  Site- 
specific  calculation  of  this  fast  fading 
would  require  knowledge  of  the  spatial 
positions  of  the  buildings  and  antennas  to 
within  a  fraction  of  the  wavelength,  and 
for  the  frequencies  considered  here  this 
is  not  feasible. 

An  exception  to  this  is  the  signal 
variation  caused  by  rays  whose  relative 
path  lengths  are  know  accurately.  For 
example,  consider  the  pair  of  rays  that 
travel  the  same  path  except  that  one  is 
reflected  from  the  ground.  If  the 
transmitting  and  receiving  antennas  are 
relatively  close  to  the  ground,  these  two 
rays  are  traveling  paths  that  differ  only 
slightly.  Thus  the  fading  caused  by  their 
interference  can  be  calculated  for  a 
specific  location. 

Therefore  our  site-specific  predictions 
are  primarily  concerned  with  predicting 
"slow"  fading  for  specific  sites.  Slow 
fading  is  not  determined  by  the  relative 
phase  of  energy  arriving  via  different 
paths,  but  rather  by  the  net  energy  that 
propagates  from  the  transmitter  to  the 
receiver  and  is  available  to  be  received. 
The  relative  phases,  other  than  for 
special  cases  like  the  direct  and  ground 
reflected  ray,  are  neglected  since  they 
contribute  to  "fast"  rather  than  "slow" 
fading. 

In  the  remaining  sections  of  this  paper 
the  problem  of  predicting  site-specific 
propagation  will  be  approached  as  an 
electromagnetic  scattering  problem.  We 
will  first  briefly  consider  different 
possible  methods.  After  this  survey  an 
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approach  based  on  a  combination  of  two  of 
them  will  be  described.  Finally,  some 
example  results  will  be  presented. 


2.  HIGH  FREQUENCY  METHODS 

Since  the  problem  we  have  set  for 
ourselves  involves  predicting  the 
scattering  from  structures  (buildings  in 
our  case)  that  are  very  large  compared  to 
the  wavelengths  of  interest,  we  need  to 
consider  high  frequency  electromagnetic 
computation  methods.  Candidate  methods 
include  Geometrical  Optics,  Physical 
Optics,  the  Physical  Theory  of 
Diffraction,  the  Geometrical  Theory  of 
Diffraction  (GTD),  and  Shooting  and 
Bouncing  Rays  (SBR). 

Geometrical  Optics  is  a  ray  tracing  method 
that  is  simple  and  straightforward.  With 
this  method  the  propagation  of  the  radio 
waves  is  approximated  as  following 
straight  ray  paths.  These  rays  may 
reflect  from  building  surfaces,  but 
diffraction  around  building  corners  and 
over  roofs  is  not  included.  Geometrical 
optics  may  be  used  in  situations  where 
direct  and  reflected  rays  dominate.  But 
when  energy  diffracted  around  building 
corners  or  over  building  rooftops  is 
important.  Geometrical  Optics  cannot  be 
used. 

Physical  Optics  approximates  the  surface 
currents  flowing  on  the  scattering 
surfaces  (the  buildings),  and  then 
calculates  the  fields  radiated  by  these 
currents.  The  major  difficulty  with 
physical  optics  for  our  application  is 
that  it  is  extremely  slow  for  large 
structures.  It  is  also  not  accurate  for 
computing  the  fields  diffracted  into 
shadow  regions,  behind  buildings  for 
example. 

The  Physical  Theory  of  Diffraction  is  an 
improvement  on  Physical  Optics.  It  makes 
simple  approximations  for  most  of  the 
currents  on  a  scattering  surface,  with 
special  terms  for  the  currents  flowing 
near  the  edges.  It  is  more  accurate  at 
computing  the  fields  diffracted  into 
shadow  regions  than  physical  optics,  but 
is  still  relatively  slow  for  the 
electrically  large  structures  we  are 
considering. 

The  Geometrical  Theory  of  Diffraction 
(GTD)  method  is  accurate,  and  has  been 
successfully  applied  to  propagation 
prediction  where  the  geometry  to  be 
analyzed  is  relatively  simple.  For 
example,  site-specific  propagation 
prediction  over  hilly  rural  terrain  has 


been  calculated  using  GTD  for  over  a 
decade  [1].  For  this  situation  the 
terrain  would  be  approximated  by  10  or  20 
connected  flat  "plates"  forming 
diffracting  wedges.  Then  wedge 
diffraction  coefficients  [2,3]  would  be 
applied  to  determine  the  energy  reflected 
and  diffracted  by  the  terrain.  The 
drawback  for  the  GTD  is  that  for  each  pair 
of  transmitter  and  receiver  locations  the 
specific  GTD  ray  paths  must  be  determined. 
Even  for  the  simple  two-dimensional  (2D) 
terrain  problem  the  GTD  requires 
considerable  computer  time  to  search  out 
all  the  necessary  rays.  For  the  urban 
propagation  situation  considered  here, 
with  hundreds  or  thousands  of  building 
faces,  the  GTD  method  would  require  very 
large  amounts  of  computer  time. 

The  Shooting  and  Bouncing  Ray  (SBR)  method- 
is  a  more  recent  development.  There  are 
different  implementations  of  the  method, 
varying  in  how  the  rays  are  combined  to 
determined  the  field  strength  at  the 
receiver  and  in  how  the  amplitudes  of  the 
diffracted  rays  are  evaluated.  The  main 
advantage  of  the  SBR  is  that  it  is 
extremely  fast  at  propagating  large 
numbers  of  direct  and  multiply-reflected 
rays  which  are  interacting  with  large 
numbers  of  reflecting/diffracting 
surfaces . 

Since  the  GTD  and  SBR  methods  are  the  two 
most  widely  used  high  frequency  methods, 
the  next  two  sections  of  this  paper  will 
describe  them.  This  will  be  followed  by  a 
description  of  a  method  which  combines 
them  to  produce  both  a  2D  "canyon"  model 
and  a  fully  three-dimensional  (3D)  urban 
propagation  model. 


3_. _ Shooting  and  Bouncing  Rav  Method 

The  SBR  method  was  developed  by  Professor 
Lee  and  coworkers  of  the  University  of 
Illinois  [4].  Prior  to  this  development 
the  GTD  was  the  preferred  ray  method  for 
calculating  high  frequency  radar 
scattering  from  aircraft  and  other 
complicated  structures.  But  as  the  amount 
of  detailed  geometry  information  available 
from  Computer  Aided  Design  data  bases 
increased,  the  algorithms  for  finding  the 
GTD  rays  were  not  efficient  enough  to  find 
the  ray  trajectories.  In  the  GTD 
approach,  the  rays  traveling  from  the 
transmitter  to  the  receiver  must  follow 
precise  paths  determined  by  the  extended 
Fermat's  principle.  This  prescribes  that 
each  ray  path  must  have  a  length  that  is  a 
local  minimum,  maximum,  or  inflection. 

When  thousands  of  flat  reflecting  surfaces 
are  involved,  finding  these  particular 
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rays  takes  a  large  amount  of  computer 
time.  Furthermore,  for  each  receiver 
location  the  process  must  be  repeated, 
since  the  ray  paths  will  change. 

The  SBR  method  avoids  this  by  "shooting" 
large  numbers  of  rays  from  the  transmitter 
location.  These  rays  are  shot,  at  least 
initially,  without  regard  for  the  receiver 
location.  They  then  "bounce"  off  the 
reflecting  surfaces  following  the  laws  of 
reflection.  Since  no  particular  ray  paths 
are  being  searched  for,  each  ray  travels 
through  its  trajectory  extremely  quickly. 
Many  more  rays  are  considered  than  with 
GTD,  but  each  SBR  ray  is  much  faster  to 
compute . 

In  addition  to  the  relative  speed  for 
computing  individual  SBR  rays,  there  is 
another  advantage.  With  one  "shooting" 
the  SBR  rays  for  all  the  receiver 
locations  can  be  found.  That  is,  the  rays 
are  "shot"  without  regard  to  receiver 
location,  and  then  the  rays  going  through 
a  collection  region  surrounding  a 
particular  receiver  location  are  combined 
to  determine  the  field  strength  at  that 
location.  To  consider  another  receiver 
location,  one  merely  changes  the 
collection  region  and  repeats  the  process 
on  the  rays  going  through  the  new  region. 

The  shooting  and  bouncing  process  is  very 
straightforward.  Consider  one  of  the  many 
rays  shot  from  the  transmitter  location. 

It  is  shot  in  a  particular  direction,  and 
continues  until  it  either  intersects  a 
building  face  or  exits  the  computation 
region.  If  more  than  one  intersection 
occurs,  the  one  closest  to  the  source  is 
selected  since  this  one  intercepts  the  ray 
before  it  can  strike  any  more  distant 
ones . 

Once  the  closest  reflection  point  is 
found,  the  ray  is  then  reflected.  This 
process  continues  until  the  maximum  number 
of  reflections  (as  set  by  the  user)  is 
reached,  or  until  the  ray  leaves  the 
computation  region.  If  we  let  point  0 
denote  the  location  of  the  transmitter, 
point  1  the  first  reflection  point,  N  the 
last  reflection  point,  R„  the  reflection 
coefficient  for  the  nth  reflection,  roF 
the  total  distance  traversed  by  the  ray 
between  in  traveling  from  the  source  to 
the  field  point,  and  Eo  the  peak  eunplitude 
of  the  electric  field  1  meter  from  a  unity 
gain  transmitting  antenna,  then  the 
complex  amplitude  of  the  qth  SBR  ray  after 
undergoing  the  N  reflections  is  given  by 
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where  in  general  the  R„  reflection 
coefficients  will  be  angle  and 
polarization  dependent.  For  the  3D  case 
the  electric  fields  are  2D  vectors  (one 
term  for  each  polarization),  the 
reflection  coefficients  are  dyads,  and  the 
polarization  vectors  must  be  converted  at 
each  reflection  into  the  ray-fixed 
coordinated  suitable  for  application  of 
the  reflection  coefficients. 

In  (1)  Eg  is  given  an  angular  dependence 
indicating  that  any  reduction  in  the 
radiated  electric  field  due  to 
directionality  of  the  transmitting  (or 
receiving)  antenna  must  be  included.  This 
is  easily  done  since  the  direction  of 
transmission  or  reception  of  each  ray  is 
known. 


Equation  (1)  describes  the  basic  SBR 
approach.  However,  there  can  be 
variations  in  how  the  method  is  applied 
even  before  diffracted  energy  is 
considered.  Let  us  consider  how  the  rays 
reflected  from  the  ground  might  be 
included.  For  each  SBR  ray  that  travels 
directly  to  the  receiver  point  as 
described  in  equation  (1),  another  will 
reach  the  receiver  after  being  reflected 
from  the  ground  surface.  One  approach  to 
include  the  ground  reflected  rays  is  to 
locate  the  transmitter  antenna  at  point 
O',  the  image  of  point  0  in  the  ground 
surface.  Then  the  reflected  SBR  ray  is 
calculated  by  the  same  process  as  the 
direct  SBR  ray.  It  is  evaluated  using  an 
ec[uation  similar  to  (1),  but  modified  to 
include  the  ground  reflection  coefficient 
Rq.  The  equation  for  the  qth  reflected 
SBR  ray  E',  after  the  nth  building 
reflection  is 
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The  advantage  of  treating  ground  reflected 
rays  as  a  special  case  is  that  these  two 
rays  can  then  be  combined  coherently. 

That  is,  the  direct  ray  and  corresponding 
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ground  reflected  ray,  as  a  pair,  can  be 
combined  as  complex  fields  with  phase 
included.  For  3D  calculations,  where  it 
is  assumed  that  the  transmitter  is 
significantly  higher  than  the  receiver, 
the  ray  path  lengths  for  this  pair  of  rays 
will  differ  by  much  larger  amount  than  for 
the  2D  calculations.  For  this  reason  in  a 
3D  calculation  the  ground  reflected  rays 
usually  are  combined  incoherently  with  the 
corresponding  non-ground-reflected  rays. 
However,  different  propagation  models  may 
combine  rays  coherently  or  incoherently  in 
different  circumstances  than  these. 

For  a  fully  3D  calculation  the 
polarization  of  the  electric  fields  should 
be  included  in  the  equations  since  the 
reflection  coefficients  are  polarization 
dependent.  For  2D  calculations  (with  low 
transmitter  and  receiver  heights  and  high 
buildings)  the  polarization  dependence  is 
often  approximated  to  simplify  the 
calculations.  For  example,  if  the 
transmitting  antenna  is  vertically 
polarized,  then  it  may  be  assumed  that  all 
building  face  reflections  are  calculated 
using  perpendicular  reflection 
coefficients,  and  all  ground  reflections 
are  calculated  using  parallel  reflection 
coefficients. 

Using  the  SBR  method,  one  cannot  initially 
evaluate  the  field  at  a  particular  point, 
since  one  cannot  be  guaranteed  that  all  of 
the  important  SBR  rays  will  pass  through 
that  point.  One  must  determine  a 
collection  area  enclosing  the  point,  and 
then  use  the  rays  that  pass  through  this 
collection  area  to  determine  the  predicted 
field  strength. 

The  collection  area  must  not  be  made  too 
small  relative  to  the  number  of  SBR  rays, 
or  not  enough  SBR  rays  will  be 
intercepted.  For  calculations  made  at 
frequencies  of  900  MHz  and  1.9  GHz  we  have 
had  good  success  with  5  meter  sc[uares 
(cubes  for  3D  calculations)  centered  on 
the  receiver  location.  However, 
collection  areas  as  small  as  one  meter 
square  have  yielded  good  results.  Smaller 
collection  areas  require  more  SBR  rays  and 
therefore  more  computer  time  and  memory. 

The  density  of  the  SBR  rays  must  be 
adjusted  for  the  collection  aperture  size 
so  that  at  least  two  or  three  rays  for 
each  unique  ray  path  are  intercepted.  In 
order  to  set  the  number  of  rays  to  be  shot 
the  following  approximate  rule  can  be 
applied.  Let  d  be  the  longest  distance 
traveled  by  a  ray  (approximately  2  to  3 
times  the  distance  across  the  area  of 
buildings  being  considered),  let  L  be  the 
length  of  one  side  of  the  collection  area 


or  volume  in  the  same  units  as  d,  and  let 
n  be  the  minimum  number  of  rays  for  each 
distinct  path  desired  to  be  intercepted  by 
the  collection  area.  Then  an  estimate  of 
the  number  N  of  rays  to  be  shot  from  the 
source  is 
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All  of  the  rays  passing  through  the 
collection  area  are  sorted  and  combined  to 
determine  the  predicted  field  strength. 

The  sorting  is  done  to  select  one  SBR  ray 
for  each  unique  path.  For  example, 
perhaps  several  line-of-sight  rays  are 
intercepted  by  the  collection  area.  The 
sorting  process  finds  all  of  these,  and 
the  one  line-of  sight  ray  closest  to  the 
center  of  the  collection  area  will  be 
selected.  Using  the  approach  described 
above,  the  ground  reflected  ray  may  be 
automatically  included  with  it  for  a  2D 
calculation  with  low  antenna  heights, 
while  for  3D  it  may  be  determined 
separately.  The  sorting  process  may  also 
find  several  rays  that  were  collected 
after  reflecting  from  the  same  set  of 
building  faces.  Again,  from  these  rays 
the  one  closest  to  the  center  of  the 
collection  area,  and  its  corresponding 
ground  reflected  ray,  will  be  selected. 
Thus  for  Q  rays,  one  for  each  distinct 
path,  passing  through  the  collection  area, 
the  predicted  complex  field  amplitude 
at  the  center  of  the  collection  area  is 
given  for  a  2D  calculation  by 


(4) 


In  (4)  each  pair  of  rays  is  evaluated 
coherently  for  a  2D  calculation.  Then  for 
2D  each  pair  of  rays  is  usually  combined 
incoherently  (in  magnitude)  with  all  the 
other  pairs  of  rays  using 


(5) 


to  determine  the  magnitude  of  the  total 
electric  field  For  3D  each  separate 

ray  is  combined  incoherently  as  in  (5) 
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with  no  distinction  between  rays  reflected 
from  the  ground  and  other  rays  except  for 
using  the  appropriate  ground  reflection 
coefficient.  The  result  of  (5)  is  readily 
converted  to  path  loss  once  the  gain, 
receiving  pattern,  and  polarization  of  the 
receiving  antenna  are  used  to  convert  the 
total  electric  field  to  received  power. 

If  the  field  strengths  at  all  receiver 
points  were  determined  by  line-of-sight 
and  reflected  energy,  then  the  approach 
described  above  would  be  sufficient  to 
determine  the  field  levels.  However,  for 
many  receiver  locations  diffracted  fields 
make  an  important  contribution.  For  these 
receiver  locations  the  SBR  method  must  be 
augmented  by  adding  diffraction.  While 
different  diffraction  coefficients  exist, 
a  reasonable  approach  is  to  use  the 
Geometrical  Theory  of  Diffraction. 


4jj _ Geometrical  Theory  of  Diffraction 

The  Geometrical  Theory  of  Diffraction 
(GTD)  was  originated  by  Joseph  Keller  [5]. 
As  with  the  SBR  method,  it  uses  rays  to 
predict  electromagnetic  scattering  from 
conducting  objects.  But  while  SBR 
includes  line-of-sight  and  multiple 
bounces  (reflections),  the  GTD  also 
includes  edge  diffracted  rays.  In  the 
approach  described  here,  the  SBR  is  used 
to  determine  the  ray  paths,  and  GTD  to 
evaluate  the  amplitudes  of  the  diffracted 
rays.  Within  the  framework  of  the  GTD, 
the  Uniform  Theory  of  Diffraction  wedge 
diffraction  coefficient  developed  by 
Kouyoumjian  and  Pathak  [2]  and  modified 
for  imperfect  reflection  due  to  finite 
conductivity  and  local  surface  roughness 
[3]  is  widely  used.  For  multiple 
diffraction  the  spreading  factors  given  in 
[1]  are  used,  although  the  UTD  is  not 
strictly  accurate  for  multiple 
diffraction. 

As  outlined  above,  the  hybrid  SBR/GTD 
approach  considered  here  first  shoots  many 
SBR  rays.  Each  of  these  rays  is  then 
bounced  through  the  building  geometry. 
After  the  rays  are  determined  they  are 
sorted  by  building  interaction.  In  order 
to  find  the  diffracting  edges  (formed  by 
building  corners),  this  sorting  process 
finds  adjacent  rays  that  interact 
differently  with  the  building  geometry. 

For  example,  let  us  assume  that  of  two 
adjacent  SBR  rays  one  is  reflected  from  a 
certain  building  face  while  the  other  is 
not.  This  means  that  a  diffracting  edge 
of  a  building  face  lies  between  these  two 
rays.  It  is  then  quite  simple  to  locate  a 
diffraction  point  on  this  edge. 


For  a  2D  calculation  each  diffracting 
building  corner  will  have  one  disk  of 
diffracted  rays.  But  for  3D,  different 
rays  shot  from  the  transmitting  antenna 
will  have  diffraction  points  at  different 
locations  along  the  same  diffracting  edge. 
From  the  theory  of  the  GTD,  each 
diffraction  point  is  then  the  source  of  a 
cone  of  diffracted  rays.  For  a  2D 
calculation,  this  cone  degenerates  to  a 
disk  of  rays.  Usually  when  GTD  is  applied 
only  a  singe  ray  of  the  cone  or  disk  is 
used,  since  the  ray  trajectory  from  the 
diffraction  point  to  the  field  point  is 
known.  However,  applying  SBR  at  each 
diffraction  point  involves  "shooting”  a 
partial  cone  (a  disk  in  two  dimensions)  of 
diffracted  rays  in  the  region  external  to 
the  building.  These  rays  then  bounce 
through  the  building  geometry  just  as  if 
they  were  "shot"  from  the  original  source 
location,  except  that  their  amplitude  and 
phase  are  determined  by  the  GTD  wedge 
diffraction  coefficient.  For  2D  there  is 
also  a  companion  ray  that  follows  the  same 
ray  path  except  that  it  comes  from  the 
image  of  the  diffraction  point  in  the 
ground  and  is  reflected  once  by  the 
ground.  For  3D  calculations  the  ground 
reflected  rays  are  treated  separately,  as 
for  the  non-dif fracted  rays.  For  double 
diffraction  the  same  process  is  continued 
to  locate  the  edges  for  the  second 
diffraction  and  to  shoot  the  resulting 
cones  (2D  disks)  of  diffracted  rays. 

Thus  in  the  Hybrid  SBR/GTD  approach  as 
described  here,  each  building  edge  that  is 
a  source  of  diffracted  rays  is  considered 
to  be  another  SBR  ray  "source".  The 
amplitude  of  these  pseudo-sources  is 
determined  using  the  GTD.  But  once  this 
amplitude  is  determined,  the  SBR  method  is 
used  as  described  above  to  find  the  ray 
paths  and  evaluate  the  ray  amplitudes. 

The  exception  to  this  is  that  certain 
combinations  of  direct,  reflected  and 
diffracted  rays  must  be  combined 
coherently  for  maximum  accuracy. 

5 . _ Making  Calculations  using  the  Hybrid 

SBR/GTD  Method 

Let  us  extend  the  SBR  equations  given 
above  to  a  case  of  single  diffraction. 
Consider  that  a  particular  building  corner 
has  been  identified  as  the  source  of  a 
diffracted  ray.  Further,  let  this 
building  corner  be  illuminated  by  a  ray 
that  originally  came  from  the  actual 
source,  and  that  has  been  reflected  N 
times,  with  the  notation  as  given  in 
conjunction  with  (1)  above.  Then  assume 
that  his  ray  is  further  reflected  M  times 
as  it  bounces  from  the  diffracting 
building  edge  to  the  collection  area  near 
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the  field  point.  Then  for  the  qth  such  will  be  given  by 

ray  the  electric  field  at  the  field  point 
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This  equation  includes  three  separate 
aspects  of  propagation.  First,  the  ray 
propagates  from  the  original  source  with 
amplitude  Eo  (adjusted  for  the  antenna 
radiation  pattern  if  necessary)  and 
undergoes  N  reflections  until  it  reaches 
the  diffracting  edge  with  roD  the  distance 
from  the  source  to  the  diffracting  edge. 
Then  it  is  diffracted  by  the  edge  with  GTD 
diffraction  coefficient  D,  and  with  its 
energy  spreading  changed  by  the  spreading 
factor  given  in  the  square  root.  Then  it 
propagates  from  the  diffracting  edge  to 
the  field  point  F,  undergoing  M  additional 
reflections  along  the  way. 

The  hybrid  SBR/GTD  approach  treats  this  as 
a  ray  which  is  shot  from  the  diffracting 
building  corner,  but  with  amplitude  as 
given  by  the  expression  within  the  large 
brackets  rather  than  just  Eq.  But  other 
than  this  amplitude  change,  the  SBR 
calculation  for  this  diffracted  ray 
proceeds  from  the  diffracting  edge  as  if 
the  original  transmitter  source  was 
located  there,  except  that  no  rays  are 
shot  into  the  interior  of  the  building. 

For  a  2D  calculation  there  is  a 
corresponding  equation  for  the  ground 
reflected  ray  which  can  be  combined 
coherently  if  desired.  Equation  [6]  can  be 
extended  to  provide  a  reasonable 
approximation  to  double  diffraction  by 
using  the  spreading  factors  given  in  [1]. 

The  diffraction  coefficient  used  in  (6)  is 
given  in  [1,2,3].  Thus  it  also  includes 
the  angle-dependent  (and  polarization- 
dependent  for  3D  calculations)  reflection 
coefficients  for  the  particular  building 
face.  This  is  necessary  for  continuous 
fields  to  exist  at  reflection  boundaries. 
For  3D  calculations  the  electric  fields 
are  vectors  and  the  reflection  and 
diffraction  coefficients  are  dyads  so  that 
the  polarization  information  is  included. 

We  know  that  the  building  locations 
cannot  be  known  accurately  enough  so  that 
all  rays  can  be  combined  coherently. 


Figure  1  Reflected  and  two  diffracted 
rays  for  a  single  building  face 


However,  the  rays  reflecting  from  the  same 
building  surface  must  be  combined 
coherently  in  order  to  obtain  the  full 
accuracy  of  the  GTD.  For  example, 
consider  three  rays  that  interact  with  the 
same  building  face  as  shown  in  Figure  1. 

If  we  imagine  a  distant  field  point  in 
Figure  1  moving  in  a  left-right 
direction,  the  reflection  point  of  the 
reflected  ray  will  move  on  the  reflecting 
surface.  It  may  "walk"  off  one  edge  or 
the  other  if  the  field  point  moves  far 
enough.  The  GTD  maintains  continuous 
fields  at  these  "reflection  boundaries"  by 
introducing  a  jump  in  the  diffracted  ray 
to  compensate  for  the  presence  or  absence 
of  the  reflected  ray.  For  this  mechanism 
to  work  and  produce  continuous  fields  as 
the  field  point  is  moved  through  a 
reflection  boundary,  these  three  rays  must 
be  combined  coherently.  This  is  possible 
since  they  travel  nearly  identical  paths. 
Even  though  the  building  locations  are  not 
precisely  known,  since  these  rays  only 
interact  with  the  SAME  buildings,  they  can 
be  combined  coherently. 

A  similar  situation  exists  at  shadow 
boundaries.  A  typical  situation  is  shown 
in  Figure  2.  Here  a  movement  of  the 
field  point  in  a  direction  transverse  to 
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Figure  2  Direct  and  two  diffracted  rays 
which  must  be  added  coherently. 


the  ray  paths  will  cause  the  ray  going 
between  the  two  buildings  to  eventually  be 
blocked  by  one  or  the  other.  As  the  field 
point  moves  through  these  "shadow 
boundaries,"  the  GTD  diffraction 
coefficient  will  jump  so  as  to  maintain 
continuous  fields  at  the  field  point.  For 
proper  calculation  of  the  total  field 
produced  by  the  combination  of  these  three 
rays,  they  must  be  combined  coherently. 
This  is  not  an  attempt  to  predict  "fast" 
fading,  but  rather  the  way  the  GTD 
determines  how  much  energy  passes  between 
the  two  buildings.  This  complicates  the 
ray  combining  process  somewhat.  The 
Hybrid  SBR/GTD  approach  determines  which 
rays  to  combine  coherently  during  the 
sorting  process.  As  a  part  of  the  SBR 
method,  all  rays  passing  through  a 
rectangular  collection  area  centered  on 
each  field  point  are  collected.  These 
rays  are  then  sorted  by  their  building 
multipath  interactions.  The  first  part  of 
the  sorting  process  is  to  determine 
duplicate  rays.  Only  the  one  passing 
closest  to  the  center  of  the  collection 
area  is  retained. 

The  second  part  of  the  sorting  process  is 
to  determine  which  rays  to  add  coherently. 
To  understand  how  this  can  be  done,  we 
assume  that  each  building  face  has  a 
unic[ue  number  assigned  to  it,  and  each 
building  corner  is  labeled  using  the 
numbers  of  the  two  faces  which  form  it. 

The  sorting  process  produces  a  list  of 
rays  that  are  identified  by  a  sequence  of 
numbers  which  correspond  to  the  path 
traveled  by  the  ray  in  going  from  the 
original  transmitter  location  to  the  field 
point.  For  example,  a  ray  might  have  a 
sequence  of  [0,  4,  54,  33,  56,  12,  44,  66, 
F].  This  ray  would  have  traveled  from  the 


transmitter  (0)  to  the  receiver  by 
reflecting  from  building  faces  4,  54,  and 
33,  then  reflecting  from  building  face  56, 
and  finally  reflecting  from  faces  12,  44, 
and  66  to  receiving  field  point  F.  This 
will  be  the  only  such  ray  being  collected 
at  the  field  point,  since  any  duplicate 
SBR  ray  traveling  the  same  path  will 
already  have  been  discarded.  This  ray 
(and  its  ground-reflected  mate  for  a  2D 
calculation)  will  be  added  incoherently  to 
all  other  rays  EXCEPT  for  the  diffracted 
rays  involved  with  its  shadow  or 
reflection  boundaries. 

Rays  traveling  the  same  path  but 
diffracting  from  one  of  the  edges  of 
reflecting  face  56  must  be  combined 
coherently  with  the  reflected  ray.  We 
extend  our  ray  notation  to  include 
diffractions  involving  an  edge  formed  by 
building  faces  numbered  x  and  y  to  include 
the  term  {x-y}.  For  the  rays  shown  in 
Figure  1,  the  diffracted  rays  described 
by  the  sequences  [0,  4,  54,  33,  {55-56}, 
12,  44,  66,  F]  and  [0,  4,  54,  33,  {56- 
57},  12,  44,  66,  F]  must  be  combined 
coherently  with  the  reflected  ray. 

The  other  rays  that  must  be  combined 
coherently  are  the  shadow  boundary  rays. 
For  the  example  shown  in  Figure  2  let  us 
assume  that  the  ray  passing  between  the 
two  buildings  has  traveled  path  [0,  4,  54, 
33,  56,  12,  44,  66,  F]  as  before.  The  two 
shadow  boundary  rays  will  have  sequences 
which  differ  from  this  only  by  a 
diffraction.  For  the  geometry  of  Figure 
2,  the  shadow  boundary  rays  will  have  the 
sequences  of  [0,  4,  54,  33,  {56-57},  12, 
44,  66,  F]  and  [0,  4,  54,  33,  {88-89}, 

12,  44,  66,  F). 

For  the  example  of  Figure  2  the  ray  path 
does  involve  different  buildings,  and  thus 
it  first  appears  that  coherent  combination 
is  not  possible  due  to  the  uncertainty  in 
the  building  locations.  But  for  these 
paths  the  rays  are  very  nearly  parallel, 
and  thus  the  phase  differences  will  be 
small.  It  is  this  relative  phase 
information  that  is  used  by  GTD  to 
evaluate  how  much  energy  passes  between 
the  two  buildings.  As  the  building  get 
closer  together  less  energy  can  pass 
between  them.  The  accurate  evaluation  of 
this  requires  coherent  addition  of  the 
three  rays  shown  in  Figure  2. 

We  believe  that  this  combination  of 
coherent  and  incoherent  combination  of 
rays  is  a  better  approach  than  either  all 
coherent  or  all  incoherent.  If  all  rays 
are  combined  incoherently,  the  GTD  cannot 
provide  the  full  accuracy  of  which  it  is 
capable.  But  if  all  rays  are  combined 
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coherently,  the  rapid  fading  that  is 
predicted  tends  to  overestimate  the  path 
loss.  The  combination  of  both  methods,  as 
appropriate,  seems  to  us  to  provide  an 
optimum  approach  and  the  most  accuracy. 


6^ _ Practical  Considerations 


calculations  angular-dependent  plane  wave 
reflection  coefficients  for  an  infinite 
dielectric  half-space  were  used.  For  the 
2D  calculations  the  relative  permittivity 
of  both  the  ground  and  building  surfaces 
was  taken  as  4.0,  while  for  the  3D 
calculations  5.0  was  used.  The  effect  of 
this  change  is  very  slight. 


For  our  example  calculations,  the  first 
step  was  taking  the  terrain  and  building 
data  and  converting  them  to  a  form 
suitable  for  propagation  prediction.  The 
area  considered  is  Rosslyn,  VA,  just 
across  the  Potomac  river  from  Washington, 
DC.  Rosslyn  is  a  dense  urban  area,  with 
buildings  of  height  varying  from 
approximately  30  stories  to  just  a  few 
stories.  The  original  building  data  base 
was  obtained  from  aerial  photography  and 
manually  converted  to  digital  points  in 
three  dimensions  by  GDE  Systems,  Inc. 
Before  applying  the  propagation  model  this 
data  was  used  to  form  approximations  to 
the  buildings.  For  2D  calculations  the 
vertical  variations  in  the  buildings  were 
ignored.  The  buildings  were  approximated 
as  being  infinitely  high  with  a  cross 
section  determined  by  the  footprint  of  the 
building  at  ground  level.  The  ground  was 
approximated  as  a  flat  plane  passed 
through  the  average  terrain  height.  The 
2D  designation  refers  to  the  building 
being  approximated  as  having  no  vertical 
variation,  but  the  vertical  heights  of  the 
transmitter  and  receiver  antennas  are 
included  in  the  calculations  since  they 
effect  the  coherent  combination  of  the 
direct  and  ground-reflected  rays.  Thus 
the  2D  model  really  involves  3D 
calculations  in  a  2D  approximation  to  the 
buildings. 

For  the  full  3D  calculations  the  building 
surfaces  were  approximated  in  three 
dimensions  using  flat  polygons.  These 
could  be  of  arbitrary  shape  with  an 
arbitrary  number  of  corners,  but  with  the 
constraint  that  they  must  be  convex,  that 
is,  no  polygon  interior  corner  could  be 
greater  than  180  degrees.  The  polygonal 
edges  were  not  constrained  to  be 
horizontal  or  vertical  since  the  model  was 
implemented  to  include  diffraction  from 
slanted  edges.  The  ground  was 
approximated  using  polygonal  plates  as 
well.  For  the  Rosslyn  geometry  the 
diffractions  from  the  edges  where  the 
ground  plates  connected  was  not  included, 
since  these  edges  are  very  near  to  180 
degrees.  But  this  diffraction  could  be 
added  for  other  situations  where 
diffraction  over  terrain  hills  was 
significant. 

For  the  reflection  coefficient 


For  the  2D  calculations  in  Rosslyn  both 
single  and  double  diffraction  were 
included,  with  a  maximum  of  5  total 
reflections,  but  with  no  reflections  after 
the  second  diffraction.  Thus  a  ray  could 
reflect  N  times,  diffract,  reflect  M 
times,  and  diffract  again,  with  N+M  <  5. 

Of  course  all  rays  reaching  the  collection 
area  for  a  particular  field  point  with 
fewer  interactions  would  also  be  included. 
And  for  2D  the  corresponding  ground- 
reflected  ray  was  automatically  included 
and  combined  coherently. 

For  the  3D  calculations  only  single 
diffraction  was  included.  For  paths  with 
no  diffraction  up  to  5  reflections  were 
included.  Paths  involving  diffraction 
could  have  0  or  1  reflection,  then  a 
diffraction,  then  0,  1  or  2  reflections. 
Ground-reflected  rays  interacted  with  the 
polygonal  surfaces  approximating  the 
ground  without  distinction  from  the  rays 
reflecting  from  buildings. 

All  antennas  were  vertically  polarized. 

For  the  3D  calculations  the  antenna 
pattern  of  the  transmitting  antenna  was 
highly  directional,  and  was  included  in 
the  predictions.  The  3D  receiving  antenna 
had  a  vertical  dipole  (sin  0)  pattern.  For 
the  2D  calculations  the  vertical  antenna 
patterns  were  not  included,  and  the 
horizontal  patterns  were  omnidirectional. 
The  path  loss  Lp  defined  using 


L  =P  -P  -G  -G  -L 

p  r  t  t  r  c 


(7) 


where  P,  is  the  received  power,  P,  is  the 
transmitted  power,  G,  is  the  maximum 
transmit  antenna  gain,  G,  the  maximum 
receive  antenna  gain,  is  the  cable 
loss,  all  given  in  dB.  Thus  the  path  los 
depends  only  on  the  building  and  terrain 
geometry  and  the  directional  gains  of  the 
antennas . 


T_. _ Typical  Results  Obtained  using  the 

Hybrid  SBR/GTD  Propagation  Model 

In  this  section  of  the  paper  some  typical 
2D  and  3D  predictions  made  using  the 
Hybrid  SBR/GTD  model  described  above  will 
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be  presented.  All  predictions  were  made 
totally  blind,  that  is,  the  predictions 
were  made  and  provided  to  the  group  at 
AT&T  Bell  Laboratories  making  the 
measurements  before  any  measured  path  loss 
data  was  supplied.  Additional  information 
about  how  the  measurements  were  made,  and 
some  other  comparisons  with  different 
propagation  models,  is  included  in  [6] 

The  approximate  building  plan  used  for  the 
predictions  is  shown  in  Figure  3.  For  the 
2D  predictions  the  buildings  do  not  vary 
in  the  vertical  direction.  For  the  3D 
calculations  the  vertical  variation  of  the 
buildings  was  included  in  the 
calculations.  The  receiving  antenna  was 
located  on  a  van,  with  the  antenna 
approximately  2.3  m  above  local  ground. 

The  paths  driven  by  the  receiving  van  are 
shown  in  Figure  3.  Measurements  were  made 
for  900  MHz  and  1.9  GHz. 

For  the  2D  example  the  transmitting 
antenna  was  located  at  site  2B  on  Figure 
3,  supported  by  a  tower  at  a  height  of 
10.0  m  above  local  ground.  For  the  3D 
examples  the  transmitting  antennas  were 
located  on  buildings  at  sites  5  and  6  on 
Figure  3.  These  antennas  were  located  2  m 
above  the  building  roofs  and  approximately 
3  meters  from  the  roof  edge.  Diffraction 
from  the  edge  of  the  roof  supporting  the 
transmitting  antenna  was  not  included  in 
the  calculations.  The  antenna  height  at 
site  5  was  approximately  42  m  above  local 
ground,  while  at  site  6  approximately  43 
meters  above  local  ground.  These  latter 
two  heights  are  above  many  of  the  nearby 
buildings,  so  that  propagation  over  the 
buildings  is  important. 

A  typical  2D  prediction  result  for  the  10 
m  high  transmitting  antenna  at  site  2B  at 
900  MHz  is  shown  in  Figure  4  for  the 
receiving  van  driven  along  the  19th 
Street/Nash  Street  path.  This  path 
involves  some  line  of  sight  regions,  and 
some  that  must  be  reached  by  multiple 
reflection/diffraction.  A  3D  prediction 
for  transmitter  site  5  at  1.9  GHz  is 
compared  with  measurements  in  Figure  5  for 
the  Ft.  Myer  Dr.  van  path.  This  path  also 
involves  both  line  of  sight  and 
reflection/diffraction  regions.  Finally, 
a  pair  of  predictions  for  transmitter  site 
6  at  900  MHz  is  shown  in  Figures  6  and  7 
for  Lynn  St.  and  Kent  St.  respectively. 
Going  from  Lynn  St.  to  Kent  St.  introduces 
an  additional  block  of  buildings  between 


the  transmitting  and  receiving  antennas. 
The  3D  prediction  is  cjuite  accurate  in 
showing  the  additional  attenuation. 
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Figure  3:  Plan  view  of  Rosslyn  VA  showing  the  building  locations,  transmitter  sites,  and  paths  driven  by  the 
receiving  van 
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Figure  4:  Prediction  by  2D  SBR/GTD  model  at  900  MHz  for  transmitting  antenna  at  site 
2B  located  at  10  m  above  local  ground  for  the  lOth  St. /Nash  St.  receiving  van  path 


Figure  5:  Prediction  by  3D  SBR/GTD  model  at  1.9  GHz  for  transmitting  antenna  at  site 
5  located  on  a  roof  42  m  above  local  ground  for  the  Ft.  Myer  Dr.  receiving  van  path 


Distance  (meters) 


Figure  7:  Prediction  by  3D  SBR/GTD  model  at  900  MHz  for  transmitting  antenna  at  site 
6  located  on  a  roof  43  m  above  local  ground  for  the  Kent  St,  receiving  van  path 
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DISCUSSION 


Discussors’s  name:  G.  Brown 


Comment/Question; 

Do  you  include  the  ray  that  bounces  off  the  ground  surrounding  the  transmitting  antenna?  Did 
you  account  for  the  topographic  variation  in  your  model? 


Author/Presenter’s  reply: 

We  include  the  ground  reflected  ray  whenever  it  exists.  In  our  2-D  model  we  neglect  terrain 
variation.  In  our  3-D  model  we  approximate  terrain  variation  with  connected  triangular  flat 
“plates”. 


Discussor’s  name:  B.  Audone 

Question/Comment: 

You  have  said  that  the  difference  between  measured  and  predicted  values  depends  on  the 
missing  rays.  Don’t  you  think  that  it  depends  on  the  reflection  coefficients? 


Author/Presenter’s  reply: 

This  is  a  good  comment.  There  is  certainly  some  error  due  to  reflection  coefficients  being 
approximated,  but  missing  or  incorrect  rays  due  to  errors/approximations  in  the  building  geometry 
do  contribute  to  errors  in  predictions. 


Discussor’s  name:  F.  Davarian 

Question/Comment: 

1 .  How  are  incoherent  rays  combined?  How  do  you  combine  rays  that  are  1 80  degrees  out  of 
phase? 

2.  What  are  the  applications  of  the  method  you  have  described?  Transmitter-site  selections? 


Author/Presenter’s  reply: 

1 .  Most  rays  are  combined  incoherently,  neglecting  phase.  In  special  situations  we  combine 
coherently,  by  adding  computed  fields.  A  phase  difference  of  180  degrees  would  not  be  treated  in 
any  special  way. 

2.  We  can  use  the  model  to  evaluate  different  transmitter  sites. 
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DISCUSSION 


Discussor’s  name:  W.  Keydel 

Comment/Question: 

Each  target  acts  as  a  polarization  transformer.  Did  you  ever  introduce  polarization 
considerations?  Did  you  measure  with  different  polarization?  Did  you  consider  the  loss  due  to 
windows,  and  measure  inside  the  buildings. 

Author/Presenter’s  reply: 

All  measurements  have  been  outdoors  with  only  vertical  polarization.  We  neglect  polarization 
effects  in  our  2-D  model  but  include  them  in  our  3-D  model. 


Discussor’s  name:  K.  Craig 


Question/comment: 

a)  One  common  problem  with  “shooting”  methods  of  ray  tracing  is  determining  the  uniqueness 
and  completeness  of  the  rays.  Could  you  comment  on  how  your  algorithm  deals  with  this, 
please?  Your  comparisons  with  measurements  seem  very  good,  and  this  does  not  seem  to  be  a 
problem  in  practice. 

b)  What  is  a  typical  size  of  your  receiver  “collection  area”? 


Author/presenter’s  reply: 

a)  We  check  completeness  by  adding  more  rays  and  observing  convergence.  We  assume  that 
each  ray  follows  a  unique  path  by  storing  the  path  history  and  sorting  to  remove  duplicate  rays. 

b)  Our  collection  areas  are  typically  3m  to  5m  diameter  spheres. 


Name  of  Discussor:  H.  J.  Strangeways 

Question/Comment: 

Some  of  our  questioners  seem  a  little  sceptical  that  you  have  found  all  the  ray  paths  to  a  given 
receiver  position  accurately.  Have  you  considered  doing  a  superresolution  analysis  (best  using 
an  MLE  based  method  because  of  the  coherent  sources)  of  the  received  field  to  compare  your 
predicted  DOAs  for  each  ray  with  experimentally  determined  values? 

Author/Presenter’s  reply: 

This  may  be  a  good  suggestion.  We  have  not  tried  this,  but  rely  on  simple  convergence  tests, 
adding  more  rays  until  the  predictions  no  longer  change. 
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1.  INTRODUCTION 

Meteor  burst  is  a  unique  mode  of  communication  which 
relies  on  the  trails  of  ionization  that  are  created  when 
meteoric  particles  enter  and  burn  up  in  the  Earth’s 
atmosphere.  Due  to  the  serendipitous  nature  of  these 
events,  these  meteor  burst  channels  are  inherently 
intermittent  but  do  possess  characteristics  which  are 
attractive  in  military  applications.  Among  these  features 
are  the  potential  for  long-range  communication  (up  to 
distances  of  2000  km),  low  probability  of  jamming  or 
intercept,  and  invulnerability  to  attack  by  either  nuclear 
or  conventional  means. 

An  important  factor  limiting  the  overall  performance, 
and  consequently  the  usefulness,  of  a  meteor  burst 
communication  system  is  the  maximum  data  rate  that 
can  be  supported  by  the  channel.  This  maximum  rate  is 
constrained  by  bandwidth  limitations  arising  from 
channel  impairments  such  as  multipath  and  fading.  In 
the  majority  of  cases,  these  limitations  are  deduced  from 
knowledge  of  the  channel  impulse  response,  which  is 
usually  empirically  derived.  To  date  little  research,  with 
the  notable  exception  of  that  conducted  by  Akram  [1], 
Weitzen  [2,3]  and  Eriksson  [4],  has  been  undertaken  to 
evaluate  systematically  the  channel  impulse  response. 
An  endeavor  such  as  this  is  justified  by  the  need  to 
analyze  and  develop  communication  strategies  that  fully 
exploit  the  limited  resources  of  the  meteor  burst 
channel.  In  pursuit  of  this  knowledge,  a  novel  system 
incorporating  chirp  radar  techniques  was  developed  to 
obtain  measurements  of  the  channel  impulse  response, 
path  loss,  flight-times  and  path-lengths.  Instrumentation 
details  and  experimental  results  from  a  500  km  meteor 
burst  link  between  the  cities  of  London  and  Ottawa 
(Ontario,  Canada)  will  be  presented  in  this  paper. 


2.  PRINCIPLES  OF  OPERATION 

The  impulse  response  measurement  system  relies  on  the 
transmission  and  subsequent  demodulation  of  a 
wideband  linear  FM  (chirp)  waveform.  When  a  meteor 
trail  of  suitable  ionization  and  orientation  is  present,  the 
signal  from  the  transmitter  will  be  scattered  or  reflected 
from  one  or  possibly  several  regions  along  the  trail  and 
will  arrive  at  the  receiver  as  illustrated  in  Figure  1.  At 
the  receiver  the  signal  is  demodulated  by  mixing  it  with 
a  locally  generated  chirp  whose  starting  time  has  been 
delayed  to  coincide  with  the  expected  arrival  time  of  the 
signal  from  the  transmitter.  Because  of  the  intermittent 
nature  of  the  channel,  the  measurement  system  was 
designed  to  collect  data  only  when  trails  having  suitable 
ionization  and  orientation  are  present.  This  is 
accomplished  by  transmitting  a  brief  carrier,  or  “probe” 
signal  in  advance  of  the  chirp  transmission.  Whenever 
this  probe  signal  is  encountered,  a  meteor  trail  is  known 
to  exist  and  the  demodulated  signal  d(t)  is  digitized  and 
stored  in  a  convenient  manner  for  analysis.  Information 
such  as  the  channel  impulse  response,  path  gain  and 
flight-times  (path  length)  can  then  be  determined  from 
the  spectral  characteristics  of  the  receiver  output. 

The  chirp  signal  emitted  by  the  transmitter  is  a  sinusoid 
whose  instantaneous  frequency  is  linearly  increasing 
with  time  and  is  described  by  the  equation: 

■s(f)  =  MOcos(27i/,?  +  7tpf^)  (1) 

where /o  is  the  starting  frequency  of  the  chirp  (Hz),  p  is 
the  chirp  rate  (Hz/s)  and  p(t)  is  a  unipolar  rectangular 
switching  waveform  which  controls  the  duration  and 
repetition  rate  of  the  transmitted  signal.  At  the  receiver, 
a  similar  chirp  signal  is  generated  for  demodulation 
purposes  and  is  described  by  the  equation: 
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GPS  Receivers 


Figure  1  Simplified  block  diagram  of  the  measurement  system 


c{t)  =  p{t -  T^)cos{2n{fo  +fd-  \i-Td)t  +  Tipr^  +0)  (2) 

where  fd  is  a  fixed  frequency  offset  (Hz),  Td  (s)  is  the 
delay  between  the  starting  times  of  the  chirp  waveforms 
generated  at  the  transmitter  and  receiver,  0  is  a  phase 
term  (rad.)  and  all  other  symbols  have  their  previously 
defined  meanings.  When  the  signal  emitted  by  the 
transmitter  arrives  at  the  receiver,  after  taking  one  or 
more  paths,  it  is  mixed  with  the  locally  generated  chirp, 
c(t),  and  filtered  to  produce  the  receiver  output  signal, 
d(t),  given  by: 

N  y  V 

d{t)=%^kP[t-Tp^(x,s[2Kifd+\i[Tpk-Td%  +  QA  (3) 

where  N  is  the  number  of  paths  between  the  transmitter 
and  receiver,  p*:  (real-valued)  and  Tpt-  represent  the  gain 
and  flight-times  for  the  k"'  path,  0*  is  a  phase  term 
which  accounts  for  phase  changes  resulting  from  the 
reflection/scattering  process  and  all  other  parameters 
have  their  usual  meanings.  All  measurements  of  interest 
(time-of-flight,  path  gain,  etc.)  are  derived  from  the 
spectrum  of  the  output  signal,  d(t).  A  sketch  of  an  ideal 
spectrum  is  shown  in  Figure  2  for  the  case  in  which 
three  paths  exist  between  transmitter  and  receiver  as 
illustrated  in  Figure  1 .  In  this  case,  the  flight-times  for 
each  path  can  be  estimated  from  knowledge  of  the 
frequency  components,  which  from  equation  (3)  are 
given  by: 


Since  the  parameters  p  ,  fd  and  Td  are  known  constants 
which  are  fixed  at  the  outset  of  the  experiment  and  /*  is 
measurable,  the  preceding  equation  can  be  solved  in 
terms  of  the  flight-time  giving: 

r  =7  .  (5) 

The  spectrum  also  indicates  the  relative  strengths  of  the 
multipath  components.  It  should  be  noted  that  the  delay 
time,  Td,  must  remain  constant  throughout  the 
measurements  and  this  is  achieved  in  practice  by 
synchronizing  the  transmitter  and  receiver  timing 
through  the  use  of  Global  Positioning  System  (GPS) 
receivers  located  at  both  ends  of  the  link.  Having 
obtained  the  flight-times,  the  corresponding  path 
lengths,  Pk,  can  then  be  computed  using: 

Pk  =  ^Tpk  (6) 

where  c  is  the  velocity  of  light  in  a  vacuum.  In  addition 
to  providing  time-of-flight  information,  the  channel 
impulse  response  can  be  obtained  by  computing  the 
spectrum  of  the  receiver  output  signal  d(t)  and  rescaling 
the  frequency  axis  according  to  equation  (5)  (see  Figure 
2).  Furthermore,  when  the  receiver  is  properly 
calibrated  to  measure  the  power  of  each  of  the  frequency 
components,  A,  the  path  losses  between  transmitter  and 
receiver  can  also  be  measured. 


/*-/</  +  "■  Td)  ■ 


(4) 
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Figure  2  Ideal  receiver  output  spectrum  and 
corresponding  time  scale. 

3.  THE  EQUIPMENT 

A  block  diagram  showing  the  constituent  components  of 
the  transmitter  system  is  shown  in  Figure  3.  The  signal 
emitted  by  the  transmitter  is  initially  generated  at  a  low 
intermediate  frequency  (IF)  with  the  chirp  signal 
occupying  the  frequency  range  from  1.0  to  3.5  MHz  at 
the  chirp  generator  output.  This  signal  is  synthesized 
digitally  with  the  signal  samples  being  generated  on  a 
personal  computer  and  uploaded  into  a  large  memory 
array  contained  within  the  chirp  generator  unit.  Once 
the  samples  have  been  stored  in  the  memory  array,  they 
are  then  clocked  out  to  a  digital-to-analog  (D/A) 
converter  and  filtered  to  obtain  the  desired  analog 
signal.  At  this  point  the  low  IF  chirp  signal  is  sequenced 
with  a  2.0  MHz  signal,  the  low  IF  equivalent  of  the 
probe  signal,  giving  the  transmission  cycle  indicated  in 
the  diagram.  This  composite  signal  is  then  upconverted 
to  the  desired  frequency  range  in  a  dual  conversion 
process  producing  a  chirp  signal  with  a  time-bandwidth 
product  ftA/)  of  125000  which  sweeps  over  a  2.5  MHz 
bandwidth  in  50  ms  beginning  at  38.75  MHz  and 
ending  at  41.25  MHz  as  well  as  a  10  ms  probe  signal  at 
39.75  MHz.  This  signal  is  then  amplified  and  applied  to 
the  antenna. 


At  the  receiver,  the  signal  from  the  antenna  is  split  into 
two  branches  (see  Figure  4).  The  first  branch  is 
connected  to  the  probe  receiver  which  detects  the 
presence  of  the  probe  signal  and  triggers  the  data 
recording  system.  The  second  branch  is  applied  to  the 
chirp  receiver  which  translates  the  spectrum  of  the 
received  signal  to  a  low  IF  and  demodulates  the  signal 
by  mixing  it  with  a  locally  generated  version  of  the 
chirp.  It  should  he  noted  that  the  chirp  signal  generated 
at  the  receiver  is  identical  to  that  generated  at  the 
transmitter,  but  has  a  frequency  offset, /d,  of  12  kHz  so 
that  a  signal  having  a  propagation  time  equal  to  the 
delay  time,  T,i  ,  will  generate  a  beat  note  of  this 
frequency.  After  demodulation,  the  signal  is  amplified, 
filtered  and  stored  for  subsequent  analysis  by  the  data 
recording  system  shown  in  Figure  5. 

Signals  present  at  the  receiver  output  are  sampled  by  the 
analog- to-digital  (A/D)  converter  at  a  rate  of  200x10^ 
samples  per  second  when  triggered  by  reception  of  the 
probe  signal.  Because  of  the  relatively  high  sampling 
rate  involved,  the  samples  representing  the  receiver 
output  are  transferred  into  the  personal  computer  (PC) 
using  direct  memory  access  (DMA)  techniques.  At  the 
end  of  a  predetermined  number  of  sweeps  the 
information  stored  in  computer  memory  is  transferred  to 
hard  disk  and  is  eventually  archived  on  tape. 

4.  ANALYSIS  AND  EXPERIMENTAL  RESULTS 

As  all  the  information  of  interest  is  contained  in  the 
spectrum  of  the  receiver  output  signal,  each  sweep 
recorded  by  the  instrument  is  processed  by  first 
weighting  the  time  domain  signal  samples  with  a 
Dolph-Chebyshev  window  function  having  a  peak 
sidelobe  level  40  dB  below  that  of  the  main  lobe  (Harris 
[5],  Nuttal  [6])  and  then  computing  its  power  spectrum 
using  the  Fast  Fourier  Transform  (FFT)  algorithm.  This 
particular  weighting  function  was  selected  on  the  basis 
of  simulation  results  which  showed  that  it  offered 


Figure  3  Transmitter  block  diagram 
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Figure  4  Block  diagram  of  the  receiver 


Figure  5  The  data  recording  system 
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marginally  better  resolution  than  that  achievable  using 
the  Hamming  window  function.  These  simulation 
results  showed  that  the  system  employing  Dolph- 
Chebyshev  windowing  was  capable  of  resolving  a  flight¬ 
time  differential  of  0.8  ps,  which  is  equivalent  to  a  path 
length  differential  of  240  metres.  After  the  power 
spectrum  of  an  individual  sweep  has  been  computed,  the 
power  levels  and  frequencies  associated  with  each 
spectral  peak  are  then  used,  in  conjunction  with  the 
receiver  calibration  data,  to  determine  the  gains  and 
flight-times  of  each  of  the  resolved  paths.  During  the 
receiver  calibration  process,  the  dynamic  range  of  the 
receiver  was  found  to  be  limited  to  approximately  35 
dB. 

Applying  this  analysis  procedure  to  the  data  collected 
on  a  500  km  meteor  burst  link  between  London  and 
Ottawa,  the  series  of  impulse  response  profiles  shown  in 
Figures  6  and  7  were  obtained.  In  each  of  these  profiles, 
the  sweeps  recorded  during  the  passage  of  a  single 
meteor  echo  have  been  sequentially  arranged  and 
plotted  as  a  grayscale  image.  The  values  plotted  along 
the  vertical  axis  represent  the  flight-times  (Tp  ,  ms), 
while  those  plotted  along  the  horizontal  axis  identify  the 


Table  1  Summary  of  Path  Count  Measurements 

individual  sweeps  which  were  recorded  at  intervals  of 
100  ms.  Path  gain,  or  equivalently  signal  strength,  is 
conveyed  by  means  of  a  gray-scale  whose  varying 
shades  represent  the  path  gain  variability  between  the 
transmitter  and  receiver.  One  of  the  advantages  of  this 
particular  presentation  format  is  that  when  multipath 
conditions  exist,  distinct  bands  are  formed  (in  the  sweep 
axis  direction)  with  each  band  representing  a  particular 
flight-time  and  corresponding  path  length.  In  the  case 
of  the  impulse  response  profiles  shown  in  Figure  6,  it  is 
apparent  that  only  a  single  path  exists  between  the 
transmitter  and  receiver,  while  for  those  profiles  shown 
in  Figure  7,  there  is  clear  evidence  of  multipath 
propagation.  The  largest  flight-time  differentials  for 
each  of  these  profiles  (Figure  7  (a-c))  are  approximately 
1.0,  2.7  and  6.2  |is  respectively. 

In  the  impulse  response  profiles  of  Figure  6  (a)  and  (b), 
both  echoes  are  relatively  short  lived  and  have  durations 
of  0.8  and  0.7  s,  respectively.  During  this  time  there  is 
some  path  gain  variation  due  to  fading  before  the 
ionized  trail  finally  disperses  and  becomes  unusable. 
Because  of  the  relatively  short  durations  of  these 
reeordings,  it  is  highly  probable  that  these  echoes  were 
produced  by  trails  having  underdense  ionizations  (i.e. 
an  electron  line  density  less  than  10^'*  electrons/metre). 
Although  the  impulse  response  of  Figure  6  (c)  is  much 


longer  in  duration  (2.0  s)  than  the  first  two  profiles 
(most  likely  the  result  of  an  overdense  trail)  it  exhibits 
similar  path  gain  variations.  Neglecting  fading  effects, 
these  three  impulse  response  profiles  are  relatively  well- 
behaved  throughout  the  duration  of  the  respective 
echoes  and  are  unlikely  to  have  any  serious  detrimental 
effects  on  communication.  In  contrast,  those  shown  in 
Figure  7  illustrate  the  vacillating  conditions  that  can  be 
experienced  during  the  lifetimes  of  some  ionized  trails. 
It  should  be  noted  that,  while  in  many  instances  the 
path  gains  associated  with  the  secondary  paths  are  on 
the  order  of  10  dB  or  more  below  that  of  the  dominant 
path,  cases  have  been  observed  where  the  gains  of 
several  paths  are  nearly  equal,  as  is  the  case  with  the 
profiles  of  Figure  7  (b)  and  (c).  Under  conditions  such 
as  these,  the  channel  transfer  function  will  become 
frequency  selective  and  will  impair  communications. 

4.1  Multipath  Characterization 

An  easy  way  to  assess  the  multipath  nature  of  the 
channel  is  to  observe  the  frequencies  with  which 
multiple  paths  are  resolved  by  the  instrument.  Applying 
this  analysis  to  the  impulse  response  measurements 


collected  on  the  17'''  and  18"'  of  December  1993  yields 
the  results  shown  in  Table  1.  These  figures  show  that  in 
97%  of  all  sweeps  made  during  this  two-day  period 
there  were  no  more  than  two  resolved  paths  between  the 
transmitter  and  receiver.  More  importantly,  however,  is 
the  fact  that  in  roughly  70%  of  these  measurements  no 
multipath  was  observed  at  all.  This  finding  suggests  that 
adverse  effects  due  to  multipath  interference  may  be 
encountered  only  on  an  occasional  basis.  Although  none 
of  the  sweeps  considered  in  this  analysis  indicated  the 
presence  of  more  than  4  paths,  the  impulse  response 
profile  of  Figure  7  (c),  measured  during  a  separate 
campaign  in  1995,  possesses  as  many  as  8  paths  and  has 
been  included  to  illustrate  the  severity  of  conditions  that 
can  be  encountered  in  meteor  communications. 

The  multipath  nature  of  a  communications  channel  is 
frequently  described  in  terms  of  its  root-mean-square 
(rms)  delay  spread  (Eriksson  [4],  Cox  [7])  which  is,  in 
essence,  a  measure  of  the  width  of  a  power-delay 
profile.  In  the  context  of  the  work  presented  here,  a 
power  delay  profile  is  the  power  spectrum  of  the 
receiver  output  signal  and  is  intimately  related  to  the 
individual  cross-sections  of  the  impulse  response 
profiles  shown  in  Figures  6  and  7.  The  delay  spread,  S 
(s),  is  defined  as  the  square  root  of  the  second  central 
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moment  of  such  a  power  delay  profile  and  is  computed 
according  to  the  equation  (Eriksson  [4],  Cox  [7]): 


S  = 


f  N  , 

Y.{^k-DTP{^k) 

k=\ _ 


(7) 


*=1 

where  P(Xk)  is  the  power  level  at  the  k"'  delay  sampling 
time  and  D  is  the  first  moment  of  the  profile,  or  average 
delay  time  (s),  and  is  given  by: 

'l'^kP{^k) 

D  =  ^j -  .  (8) 

lP{^k) 

k=\ 


Applying  equations  (7)  and  (8)  to  the  data  set  collected 
in  the  1993  propagation  experiment,  the  rms  delay 
spread  distribution  shown  in  Figure  8  was  obtained. 
According  to  these  statistics,  in  90%  of  these 
measurements  the  rms  delay  spread  was  found  to  be  less 
than  100  ns,  while  in  99%  of  all  measurements  the  rms 
delay  spread  was  found  to  be  less  than  400  ns.  In  several 
rare  instances  rms  delay  spreads  ranging  from  1.0  to  7.0 
(xs  have  been  observed.  Statistics  indicating  similar 
findings  have  been  reported  by  Eriksson  [4].  In  light  of 
this  evidence,  it  would  appear  that  trail  eonditions 
causing  large  delay  spreads  are  relatively  infrequent. 
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Figure  8  Delay  spread  statistics 
5.  CONCLUSIONS 

The  impulse  response  measurements  analyzed  to  date 
clearly  indicate  the  presence  of  multipath  propagation. 
Although  the  data  studied  thus  far  suggest  that  the 
channel  impulse  response  is  for  the  most  part  well- 
behaved  in  terms  of  its  multipath  characteristics,  there 
are  occasions  when  severe  multipath  propagation  is 
encountered.  As  these  severe  multipath  events  are  likely 
to  impose  signaling  rate  limitations,  additional  research 
is  currently  underway  to  confirm  the  frequency  of  these 
events,  characterize  their  nature  and  evaluate  their 
impact  on  meteor  burst  communication  systems. 
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DISCUSSION 


Discussor’s  name;  D.  Yavuz 

Comment/Question; 

As  you  know,  there  are  many  factors  that  enter  into  MB  trail  characterisation  (diurnal,  seasonal, 

solar  cycle,  distance,  location . ).  As  mentioned  in  my  talk  yesterday,  link-level  protocols  are,  in 

my  view,  the  best  manner  to  obtain  robust  and  efficient  links.  Can  you  comment  on  the  possible 
validity  of  the  70%  to  90%  figures  for  1  &  2  paths  under  other  conditions. 

Author/Presenter’s  reply: 

As  you  pointed  out  there  is  a  great  deal  of  variability  associated  with  meteor  burst 
communications.  The  reliability  of  the  figures  presented  is  currently  unknown  and  for  this  reason 
we  have  repeated  this  experiment  on  the  same  500  km  path  and  will  conduct  additional 
measurements  for  both  long  range  (~1300  km)  and  short  range  (<200  km)  paths.  A  comparison 
of  these  experimental  results  should  provide  some  indication  as  to  the  reliability  of  the  original 
measurements. 
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DISCUSSION 


Discusser’s  name:  F.  Davarian 


Comment/Question: 

You  have  shown  the  delay  spread  of  the  channel  to  be  in  the  order  of  about  200  ns.  This  implies 
a  channel  bandwidth  of  about  5  MHz  indicating  a  maximum  throughput  of  about  1  Mb/s.  Are 
these  assumptions  correct?  Please  comment  on  the  bandwidth  size  of  the  channel. 


Author/Presenter’s  reply: 

For  delay  spreads  on  the  order  of  1 00-400  ns  one  would  expect  to  be  able  to  signal  at  a  data  rate 
that  is  inversely  proportional  to  the  delay  spread.  In  reality  such  an  estimate  should  be  scaled  by 
a  constant  (usually  less  than  unity)  as  the  exact  relationship  between  the  maximum  transmission 
rate  and  the  delay  spread  is  unknown.  A  transmission  rate  of  1 .0  Mb/s  as  you  have  suggested  is 
reasonable,  however  it  should  be  remembered  that  the  meteor  burst  channel  is  very  lossy  and 
consequently  a  large  transmitter  power  would  be  required  to  achieve  a  suitable  signal-to-noise 
ratio  at  the  receiver.  Realistic  signalling  rates  are  more  likely  to  range  from  10’s  of  Kb/s  to 
perhaps  an  upper  maximum  of  500  Kb/s  depending  on  the  available  link  budget  and  system 
requirements. 
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DISCUSSION 

Discussor’s  name:  P.  Cannon 

Question/Comment: 

I  think  you  should  be  congratulated  on  a  very  nice  study. 

Have  you  looked  at  modes  other  than  meteor  scatter  with  your  instrumentation  (i.e.  ion  scatter  or 
sporadic-E)? 

Author/Presenter’s  reply: 

Thank  you  ...  no,  not  individually. 

Discussor’s  name:  S.  Karp 

Question/Comment: 

Was  there  any  doppler  spread? 

Author/Presenter’s  reply: 

We  did  not  attempt  to  measure  any  above  20  Hz. 
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DISCUSSION 


Discusser’s  name: 


L.  Bertel 


Comment/Question: 

La  presence  du  champ  magnetique  terrestre  rend  anisotrope  le  plasme  associe  aux  trainees 
meteoriques. 

1 .  Ne  pensez-vous  pas  que  les  doubles  trajets  que  vous  obtenez  tres  frequemment  sont  en 
partie  dus  a  cet  effet  d’anisotropie  observe  de  la  meme  faqon  en  propagation  ionospherique 
(modes  denommes  0  et  X)? 

2.  L’utilisation  d’antennes  adaptees  a  la  polarisation  associee  a  cet  effet  d’anisotropie 
(polarisation  elliptique  en  general)  ne  vous  permettrait-elle  pas  de  selectionner  I’un  des  deux 
modes  de  propagation? 

(Translation: 

The  presence  of  the  earth’s  magnetic  field  renders  the  plasma  associated  with  the  meteor  trails 
anisotropic. 

1.  Do  you  not  think  that  the  double  paths  that  you  frequently  obtain  are  partly  due  to  this 
anisotropic  effect  observed  in  the  same  way  in  ionospheric  propagation  (modes  known  as  0  and 
X)? 

2.  Would  not  the  use  of  antennas  adapted  to  the  polarisation  associated  with  this  anisotropic 
effect  (general  elliptic  polarisation)  allow  you  to  select  one  of  the  two  propagation  modes? 

Author/Presenter’s  reply: 

It  is  possible  that  these  double  paths  are  in  fact  created  much  in  the  same  manner  as  observed  in 
ionospheric  propagation  as  you  have  suggested.  As  we  have  not  yet  begun  to  identify  the 
physical  processes  responsible  for  the  features  observed  in  our  impulse  response  profiles,  it 
would  be  premature  to  attribute  them  to  any  particular  mechanism. 

While  the  use  of  adaptive  antennas  may  permit  you  to  select  one  of  the  propagation  modes  (0  or 
X),  the  implementation  of  such  a  scheme  may  be  be  advantageous  since  it  would  appear  that  for 
meteor  burst  channels  the  signalling  rate  limitations  due  to  multipaths  are  secondary  to  the 
problem  of  achieving  an  adequate  signal-to-noise  ratio. 
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Abstract : 

The  meteoric  channel  can  be  described,  over  a  given  per¬ 
iod  of  time,  by  the  duty  cycle  and  the  mean  waiting  time. 
The  objective  of  this  paper  is  to  give  an  analysis  of  the 
channels  statistical  parameters  and  to  describe  different 
kinds  of  channel  modelling. 

The  statistical  analysis  is  based  on  experimental  data.  We 
show  the  effects  of  fading,  observed  on  the  received  signal, 
on  the  channel  parameters. 

We  present  different  kinds  of  meteoric  channel  modelling 
which  take  account  for  underdense  sporadic  meteor  trails. 


1  INTRODUCTION 

On  decrit  dans  ce  papier  notre  experience  de  1  ’  etude  du  ca¬ 
nal  meteorique  sous  ses  aspects  theorique  et  experimental . 
Les  meteores  penetrant  dans  F  atmosphere  terrestre  creent 
des  train6es  ionisees  qui  diffusent  suffisamment  (/  < 
100  MHz)  les  ondes  radioelectriques  pour  etablir  des  liai¬ 
sons  intermittentes.  Afin  d’estimer  les  potentialites  de  ce 
canal  nous  avons  realise  des  experimentations  sur  le  terri- 
toire  frangais  et  developpe  des  modelisations  dans  le  but 
de  prolonger  les  resultats  obtenus  a  des  configurations  de 
parametres  quelconques  (antennes,  distances,  . . .  ).  Les 
champs  de  validite  de  ces  differents  modeles  seront  pre¬ 
cises  par  comparaison  avec  nos  resultats  experimentaux 
ainsi  qu’avec  les  donnees  de  la  litterature. 

2  PARAMETRES  CARACTERISANT  LE  CANAL  ME¬ 
TEORIQUE 

Les  meteores  incidents  sur  la  terre  peuvent  etre  separes 
en  deux  classes  :  les  essaims  de  meteores  et  les  meteores 
sporadiques.  Les  essaims  sont  formes  d’un  ensemble  de 
particules  se  depla9ant  sur  des  orbites  precises  autourdu 
soleil.  Lorsque  la  terre  rencontre  ces  orbites  pour  des  pe- 
riodes  donnees  de  I’annee  (mois  d’aout  pour  les  Perseides 
par  exemple)  on  obtient  un  flux  de  meteores  qui  semblent 
provenir  d’un  meme  point  de  la  sphere  terrestre  (radiant). 
Pour  un  essaim  donne  Tintensite  du  phenomene  se  repro- 


These  modelling  allow  the  consideration  of  the  most  im¬ 
portant  problems: 

~  the  astronomical  problem  to  evaluate  the  meteor 
distribution  on  the  sky, 

-  the  ionisation  problem  to  determine  the  electronic 
density  created  by  the  meteor, 

-  the  propagation  problems. 

The  performances  of  these  modelling  are  evaluated. 


duira  identiquement  chaque  annee  si  les  particules  de  cet 
essaim  sont  uniformement  distributes  sur  la  totalite  de  son 
orbite.  Les  essaims  representent  une  faible  partie  du  flux 
total  de  meteores  incidents  sur  la  terre  et  ne  sont  obser¬ 
vables  que  durant  certaines  periodes  de  I’annee. 

Les  meteores  sporadiques  ont  des  orbites  dont  les  para¬ 
metres  sont  distribues  aleatoirement  et  sont  observables 
quelle  que  soit  la  periode  de  I’annee.  Les  performances 
des  liaisons  radioelectriques  sont  done  essentiellement 
determintes  par  cette  classe  de  meteores  a  laquelle  nous 
ferons  implicitement  reference  dans  la  suite  de  ce  papier. 

Les  trainees  ionisees  par  les  meteores  produisent  des  ou- 
vertures  de  quelques  centaines  de  millisecondes  separees 
par  des  fermetures  dont  les  durees  sont  liees  au  nombre  de 
meteores  incidents  sur  la  terre.  Pour  une  position  geogra- 
phique  donnee  de  la  liaison,  ce  flux  de  meteores  est  fonc- 
tion  de  la  position  de  la  terre  sur  son  orbite  autour  du  soleil 
(mois  de  1’ annee)  et  de  la  rotation  de  la  terre  (heure  de  la 
journee).  Ces  mouvements  de  la  terre  forment  la  compo- 
sante  deterministe  des  variations  temporelles  annuelle  et 
diurne  de  I’activite  meteorique. 

La  variation  de  cette  composante  deterministe  etant 
negligeable  pour  une  heure  d’ observation,  les  durees 
moyennes  d’ouverture  et  de  fermeture  peuvent  etre  es- 
timees  pour  cet  intervalle  de  temps.  Pour  une  periode 


Paper  presented  at  the  AGARD  SPP  Symposium  on  “Digital  Communications  Systems:  Propagation  Effects, 
Technical  Solutions,  Systems  Design",  held  in  Athens,  Greece,  18-21  September  1995  and  published  in  CP-574. 
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d’observation  donnee,  la  duree  de  service  d,  represente  le 
pourcentage  du  temps  durant  lequel  le  canal  est  ouvert ; 


ds  = 


f  +  S 


(1) 


La  composante  aleatoire  de  I’activite  meteorique  est  re¬ 
presentee  par  les  fluctuations  de  jour  en  jour  de  ces  trois 
parametres,  pour  une  heure  h  fixee  de  la  journee.  Les  re- 
sultats  experimentaux  de  la  figure  1  ont  ainsi  ete  obtenus 
en  realisant,  pour  chaque  heure,  une  moyenne  sur  une  di- 
zaine  de  jours  (voir  ^  6).  Ce  filtrage  permet  de  faire  appa- 
raitre  la  signature  diurne  du  canal  meteorique  caracterisee 
par  un  maximum  vers  6  heures  et  un  minimum  vers  18 
heures.  La  valeur  moyenne  de  cette  signature  diurne  sur 
les  24  heures  de  la  journee  (4. 1  %  sur  la  figure  1)  sera  done 
la  duree  de  service  moyenne  liee  aux  dix  jours  de  I’experi- 
mentation.  Les  variations  deterministes  annuelles  seraient 
representees  par  revolution  de  cette  deniere  moyenne  de 
dix  jours  en  dix  jours.  On  peut  evidemment  realiser  des 
traitements  semblables  pour  les  durees  d’ouverture  et  de 
fermeture. 


HEURE  SOLAIRE  LOCALE 


Fig.  1  -  Variation  diurne  de  la  duree  de  service  (liaison 
de  1029  km). 

Classiquement,  les  caracteristiques  optimales  des  an- 
tennes  pour  realiser  une  liaison  donnee  sont  liees  a  des  di¬ 
rections  particulieres  pour  lesquelles  il  est  necessaire  de 
fournir  le  maximum  de  puissance  possible.  Pour  le  canal 
meteorique,  I’ensemble  du  volume  commun  etant  a  priori 
utile,  I’efficacite  d’une  antenne  depend  des  gains  de  I’an- 
tenne  dans  les  directions  balayant  le  volume  Vc,  peses  par 
I’activite  du  canal  dans  ces  directions.  Le  choix  des  an- 
tennes  adaptees  a  un  service  donne  (couverture  radioelec- 
trique)  est  done  particuliferement  delicat  pour  ce  canal. 

Pour  chaque  ouverture  du  canal,  la  variation  temporelle 
du  signal  regu  complete  la  connaisssance  du  canal  en  per- 
mettant  d’evaluer  les  durees  des  ouvertures  ainsi  que  leur 
distribution.  On  peut  egalement  exploiter  ces  reponses 
temporelles  pour  identifier  les  modes  de  propagation  non 
meteoriques  pr&ents  sur  les  liaisons  realisees  (voir  5[  7). 


Fig.  2  -  Representation  du  volume  commun. 

3  INTRODUCTION  A  LA  MODELISATION  DU  CA¬ 
NAL  METEORIQUE 

Les  trainees  ionisees  a  priori  observables  se  trouventdans 
le  volume  commun  Vc  compris  entre  80  et  120  km  d’alti- 
tude,  simutanement  vu  de  I’emetteur  E  et  du  recepteur  R 
(figure  2). 

Pour  un  point  P  du  volume  commun,  on  souhaite  estimer 
la  densite  electronique  de  la  trainee  ionisee  induite  par  un 
meteore  de  masse  et  de  vecteur  vitesse  fixes.  Les  meteores 
radioelectriquement  detectables  doivent  avoir  des  trajec- 
toires  tangentes  au  point  P  a  Tellipsoide  de  revolution  de 
foyers  E  et  R.  Par  ailleurs,  la  zone  fortement  ionisee  de 
la  trainee  doit  recouvrir  au  moins  la  moitie  de  la  premiere 
zone  de  Fresnel  centree  sur  le  point  P.  Les  meteores  pas¬ 
sant  par  le  point  P  seront  radioelectriquement  exploitables 
si  la  densite  electronique  creee  est  superieure  a  un  seuil  lie 
a  la  configuration  de  la  liaison  (puissance,  distance,  E/No 
minimum, . . .  ). 

II  est  done  necessaire  d’analyser  differents  problemes  de 
physique  pour  realiser  une  modelisation  du  canal  meteo¬ 
rique: 


-  L’astronomie :  Les  astronomes  ont  realise  de  nom- 
breuses  observations  optiques  et  radioelectriques 
(RADAR)  des  meteores  incidents  sur  la  terre.  On 
peut  obtenir  a  partir  de  ces  donnees  experimentales 
les  distributions  statistiques  des  masses  et  des  vec- 
teurs  vitesse  de  ces  meteores.  Ces  elements  sont  ex¬ 
ploit's  dans  les  mod^ es  pour  evaluer  les  variations 
temporelles  des  parametres  du  canal. 

-  La  physique  de  I’atmosphere :  Les  meteores  se  va- 
porisent  dans  la  haute  atmosphere  en  formant  une 
trainee  ionisee  qui  possMe  une  densite  electronique 
dont  on  souhaite  estimer  la  valeur  maximum  et  I’al- 
titude  de  formation. 

-  La  propagation  radioelectrique :  Pour  chaque  point 
P  du  volume  commun,  on  souhaite  determiner  les 
bilans  de  liaison  associ6s  aux  meteores  potentielle- 
ment  detectables. 

Bien  que  relativement  complexe  a  mettre  en  ceuvre,  la  mo¬ 
delisation  du  flux  de  meteores  incidents  sur  la  terre  peut 
etre  correctement  realisee  et  decrit  relativement  bien  les 
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phenomenes  observes.  li  est  par  contre  difficile  de  mode- 
liser  la  totalite  des  phenomenes  qui  contribuent  a  determi¬ 
ner  ladensite  electronique  induitepar  les  meteores.  L’ eva¬ 
luation  du  nombre  moyen  de  meteores  detectes  par  Unite 
de  temps  est  cependant  en  bon  accord  avec  les  mesures. 

Lorsque  les  electrons  de  la  trainee  ionisee  diffusent  I’onde 
incidente  d’une  maniere  independante  les  uns  des  autres 
(trainees  sous-denses),  la  surface  efficace  de  diffusion 
peut  etre  evaluee  analytiquement.  L’examen  des  reponses 
temporelles  mesurees  permet  effectivement  d’identifier 
des  formes  prevues  par  le  modele  theorique.  Un  grand 
nombre  de  trainees  sous-denses  sont  cependant  affectees 
d’evanouissements,  notamment  dus  aux  distorsions  de  la 
trainee  par  les  vents  presents  dans  la  haute  atmosphere. 
Pour  les  densites  electroniques  elevees,  tous  les  modeles 
developpes  utilisent  1’ approximation  du  cylindre  metal- 
lique  qui  semble  correcte  pour  la  retrodiffusion  et  les 
courtes  distances.  Jones  [8]  a  montre  que  pour  toutes  les 
situations  pratiques  de  prodiffusion,  on  obtientdes  &arts 
importants  (par  rapport  a  une  resolution  WKB)  sur  I’am- 
plitude  maximale  de  la  reponse  temporelle  et  sur  sa  du- 
ree.  Compte  tenu  de  ces  elements,  il  apparait  que  la  duree 
de  service  et  la  distribution  des  ouvertures  du  canal  seront 
des  parametres  difficiles  a  modeliser  sans  introduiredans 
la  simulation  un  certain  nombre  de  donnees  empiriques. 

Nous  avons  decrit  au  debut  de  ce  paragraphe  les 
contraintes  geometriques  que  les  trainees  ionisees  doivent 
satisfaire  pour  etre  potentiellement  detectables.  Eshleman 
et  Manning  [6]  ont  montre  que  ces  contraintes  imposent 
une  distribution  des  trainees  ionisees  utiles  non  uniforme 
sur  le  volume  commun  de  la  liaison.  Les  “points  chauds” 
de  I’activite  meteorique  sont  situes  de  part  et  d’autre  du 
grand  cercle  tandis  que  cette  activite  est  quasi  nulle  au 
voisinage  du  point  milieu  de  la  liaison.  Les  auteurs  ont 
suppose  que  le  flux  de  meteores  incidents  sur  la  terre  est 
spatialement  uniforme  et  que  les  densites  electroniques 
maximales  se  produisent  h  une  altitude  fixe  au  dessus  du 
sol  (100  km  par  exemple).  Pourchaque  point  de  cette  sur¬ 
face,  revaluation  de  ladensite  deprobabilitedes  meteores 
detectables  a  permis  de  realiser  des  calculs  des  durees  de 
service  sur  differentes  liaisons  [11]. 

La  modelisation  d^veloppee  par  Hines  et  Pugh  [12],  [7] 
est  liee  a  une  geometric  plus  analytique  que  celle  pre- 
cedemment  exposee  et  permet  d’introduire  avec  rigueur 
les  differentes  hypotheses  physiques  du  probleme.  Pour 
chaque  point  de  la  surface  d’integration,  ce  modNe  per¬ 
met  d’evaluer  le  nombre  de  meteores  effectivement  detec¬ 
tes.  Bien  que  dans  leurs  travaux  Hines  et  Pugh  aient  choisi 
une  distribution  spatiale  uniforme  des  meteores,  il  est  pos¬ 
sible  d’ exploiter  ces  travaux  en  introduisantdes  distribu¬ 
tions  plus  elaborees. 

Cette  potentialite  a  ete  utilisee  par  Meeks  et  James  [10]  qui 
ont  admis  que  les  meteores  sporadiques  proviennent  es- 
sentiellement  du  plan  de  I’ecliptique.  Contrairement  aux 
precedents  travaux,  la  simulation  ainsi  construite  rendait 
compte  des  variations  diurne  et  annuelle  de  I’activite  me¬ 
teorique  observee. 

Les  modelisations  actuelles  utilisent  des  distributions  de 
meteores  nettement  plus  precises  que  celles  de  Meeks  et 


James  et  realisent  une  integration  dans  le  volume  ou  se 
vaporisent  les  meteores  [15],  [2],  [4].  Ces  modelisations 
fournissent  des  previsions  precises  des  variations  tempo¬ 
relles  du  nombre  de  meteores  detectes. 

4  MODELES  «  INTEGRATION  EN  SURFACE  > 

Le  modNe  decrit  est  base  sur  les  travaux  de  Pugh  [12]  qui 
determina  la  distribution  des  meteores  observables  dans 
le  cid.  Bain  [1]  utilisa  la  methode  de  Pugh  pour  determi¬ 
ner  la  distribution  azimutale  des  meteores  observables,  et 
en  deduisit  une  distribution  heliocentrique  de  ceux-ci.  La 
methode  de  Pugh,  que  nous  denommons  ’’integration  en 
surface”,  a  ete  amelioree  par  Sorais  [  1 3]  pour  tenir  compte 
notamment  des  pertes  de  polarisation.  Nous  avons  repris 
cette  methode,  pour  evaluer  les  performances  d’un  sys- 
tfeme,  en  y  introduisantladistributiondes  radiants  des  me¬ 
teores  donnee  par  Bain. 

De  la  relation  theorique  donnant  la  puissance  re9ue  as- 
sociee  a  une  trainee  meteorique  sous  dense,  on  deduit  le 
nombre  de  meteores  observables  passant  a  travers  une  sur¬ 
face  elementaire  dS  de  normale  h  et  provenant  d’un  angle 
solide  dQ  autour  d’une  direction  , 


Ndet{P)  —  KdSnUm  COS^D{Um 


W{P,/3) 


dQ 


(2) 


Ce  nombre  depend  de  la  distribution  des  directions  d’arri- 
vees  des  meteores  JD^u^ )  dans  la  direction  Um ,  de  la  puis¬ 
sance  minimale  detectable  P^in,  de  Tangle  (J  que  fait  la 
trainee  avec  la  trace  du  plan  de  propagation  sur  le  plan  tan¬ 
gent  et  du  point  P  du  volume  commun  considere. 

On  travaille  dans  le  repere  de  Pugh  {V,x,y,z)  de- 
fini  comme  suit:  V  est  le  milieu  du  segment  emetteur- 
recepteur  porte  par  Taxe  I4.  L’axe  est  porte  par  la  ver¬ 
tical  en  1/  et  Taxe  Vy  est  orthogonal  a  14  et  .  On  consi¬ 
dere  un  element  de  surface  dxdy  du  plan  (14, 14). 

Pugh  [12]  determina  alors  Telement  de  surface  dS,  qui 
s’etend  sur  toute  Tepaisseur  du  volume  commun,  en  fonc- 
tion  de  dx  et  Tangle  solide  dQ  en  fonction  de  dyd/J.  Le 
choix  d’une  distribution  des  directions  d’arrivees  des  me¬ 
teores  D{um)  permet  d’obtenirle  nombre  de  trainees  io¬ 
nisees  observables  par  unite  de  temps  attribuees  a  Tele¬ 
ment  de  surface  dxdy  du  plan  de  Pugh. 


Ndet{P)  =  g[P)  /  ^{P,l3)D(ii,n)dpdxdy 


(3) 


Les  angles  limites  Prnin  et  ^rnax  sont  determines  de  telle 
sorte  que  les  meteores  soient  vus  dans  des  directions  for¬ 
mant  un  angle  zenithal  inferieur  a  |.  Le  nombre  total 
de  meteores  observables  est  alors  obtenu  en  integrant  la 
contribution  de  tous  les  elements  dxdy  du  plan  de  Pugh. 
Pugh  determina  une  expression  analytique  de  la  relation  3 
en  supposantune  distribution  isotrope  des  directions  d’ar- 
rivee  des  meteores  dans  le  ciel  iD{um)  =  ^).  Nous 
avons  choisi  d’utiliser  la  distribution  donnee  par  Bain  [1], 
afin  de  pouvoir  retrouver  les  variations  diurne  et  annuelle 
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de  la  duree  de  service.  La  relation  3  est,  par  consequent, 
evaluee  numeriquement  en  utilisant  cette  distribution. 

5  MODELES  « INTEGRATION  EN  VOLUME  » 

Contrairement  aux  modeles  ’’integration  en  surface”  (de- 
crits  dans  le  paragraphe  precedent),  les  modeles  ’’inte¬ 
gration  en  volume”  peuvent  etre  utilises  pour  prendre  en 
compte  la  formation  des  trainees  ionisees  et  la  distribution 
spatiale  des  m6teores  detectes. 

Le  modele  que  nous  decrivons  est.  base  sur  le  meme 
principe  que  celui  elabore  par  Desourdis  et  al.  [5]. 
Pour  chaque  volume  elementaire  du  volume  com- 
mun  de  la  liaison,  on  determine  le  taux  de  meteore 
Pm,e,<i>,v„irrL,  0,  <f),  VH)dmd6d^dVii  dont  la  vitesse  he- 
liocentriqueest  Vh  a  dVH  pres,  dont  la  masse  est  m  a  dm 
pres,  dont  le  vecteur  vitesse  se  trouve  dans  Tangle  solide 
da  autour  des  deux  coordonnees  spheriques  {9,(f)).  La 
distribution  des  masses  des  meteores  incidents  est  suppo- 
see  etre  en  m““,  et  la  densite  de  probabilite  P9,,j>,v„  est 
deduite  de  distributions  experimentales  (energie  orbitale 
et  inclinaison)  donnees  par  Delcourt  [3]. 

Les  meteores  potentiellement  observables,  definis  par  les 
conditions  de  tangence  classiques,  ont  des  vecteurs  vi¬ 
tesse  definis  par  {6,  Vh)  qui  forment  un  cone  de  demi 
angle  au  sommet  <f)o-  Le  nombre  total  de  meteores  poten¬ 
tiellement  observables  est  done  donne  par : 


X  smcpodmdVHdO  (4) 

II  s’agit  maintenant  de  determiner  le  nombre  de  meteores 
observables  pour  une  configuration  donnee.  Pour  cela, 
il  suffit  de  connaTtre  les  meteores  potentiellement  obser¬ 
vables  qui  produiront  une  densite  lineique  d’ionisation  q 
superieure  a  une  valeur  minimum  qmin  •  On  introduit  alors 
une  modelisation  de  Tionisation  reliant  la  masse  et  le  vec¬ 
teur  vitesse  du  meteore  a  la  densite  lineique  d’ionisation 
produite,  ainsi  que  sa  variation  avec  Taltitude. 

La  modelisation  classique,  decritepar  Mc/f/n/ej  [9],  n’est 
pas  suffisamment  precise  et  donne  souvent  des  altitudes 
d’ionisations  trop  elevees  et  des  longueurs  de  trainee  io- 
nisee  trop  importantes.  On  propose  done  d’utiliserle  mo¬ 
dele  d’ionisation  propose  par  Delcourt  [3]  qui  consiste  a 
resoudre  un  systeme  d’equations  differentielles.  Ce  mo¬ 
dele  rend  bien  compte  des  observations,  qu’elles  soient  vi- 
suelles  ou  radioelectriques,  en  traitant  les  problemes  sui- 
vants : 


Les  durees  d’ouvertures  associees  h  ces  deux  types  sont 
deduites  de  la  theorie  classique  et  respectivement  donnees 
par : 


^OsdI?)  = 


L  ^min  J 


et  r 


A2 


167r2Dcos2$ 


(5) 


etl’approximation: 

1  r,X-q 


(^) 


4D  TT-  COS“  $ 


Le  2e  —  e 


(6) 


La  duree  d’ouverture  du  canal  meteorique  associee  au 
point  P  du  volume  commun  est  done : 


ds{P)=  'PvH.eAy^yOAo) 

X  sincfiQdVHdmdB  (7) 


oil  to{q)  correspond  a  la  relation  5  ou  6  selon  que  la  trainee 
observee  est  de  type  sous  dense  ou  sur  dense.  La  densite 
lineique  de  transition  entre  les  deux  types  de  trainees  est 
choisie  de  telle  sorte  qu’il  y  ait  continuite  entre  les  puis¬ 
sances  maxima  fournies  par  les  theories  associees.  Les 
durees  de  fermeture  moyenne  et  la  duree  de  service  sont 
alors  evaluees  de  la  meme  maniere  que  pour  les  modeles 
’’integration  en  surface”.  L’ integration  de  la  relation  7  a 
travers  le  volume  commun  de  la  liaison  permet  de  carac- 
teriser  le  canal. 

6  DESCRIPTION  DES  EXPERIMENTATIONS  REALI- 
SEES 

On  rappelle  ci-apres  les  principals  donnees  d’une  cam- 
pagne  de  mesures  realisee  en  France  sur  la  frequence  de 
42  MHz  (voir  [14]  pour  une  description  plus  complete). 
Les  antennes  d’emission  et  de  reception  sont  des  antennes 
Log-periodiques  horizontales  placees  a  une  hauteur  hant 
au-dessus  du  sol.  L’ experimentation  a  ete  realisee  pour 
5  liaisons  de  distances  D  distinctes,  pour  lesquelles  le 
nombre  total  d’heures  de  mesure  Hm  est  compris  entre  50 
et  plus  de  200  heures.  Par  ailleurs  ces  experimentations  se 
sont  ddroulees  entre  les  mois  de  mai  et  septembre  1989 
pour  des  dates  medianes  notees  Dam- 

Les  autres  caracteristiques  necessaires  a  revaluation  du 
bilan  de  liaison  sont  fournies  dans  le  tableau  2. 


-  Teffet  d’ecran  produit  par  Tinteraction  entre  le 
corps  celeste  et  les  molecules  d’air  avant  la  vapo¬ 
risation  intense, 

-  Techauffement  du  corps  et  le  rayonnement  ther- 
mique  de  celui-ci,  pendant  la  vaporisation  intense. 

Lorsque  la  densite  lineique  q,  au  point  de  tangence,  est  de- 
terminee,  le  probleme  radioelectrique  intervient  alors  et 
on  considere  les  deux  types  de  reponses  temporelles  as¬ 
sociees  aux  trainees  meteoriques  sous  dense  et  sur  dense. 


Liaison 

^ant 

Hm 

Dcijji 

107  km 

3 

52 

15-05 

310  km 

3 

223 

20-04 

363  km 

4 

165 

15-06 

706  km 

6.5 

84 

29-06 

1029  km 

11.5 

229 

26-09 

Tab  .  1  -  Configuration  des  liaisons 
hant  '■  hauteur  des  antennes  en  metres,  Hm  '■  Duree  des 
mesures  en  heures. 
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Puissance  rayonnee 

1200  W 

Antennes 

Log-Periodiques 

Gain 

6.5  dBi 

Facteur  de  bruit  du  recepteur 

3.4  dB 

Rythme  binaire 

16  kb/s 

E/No  min  necessaire 

6dB 

Tab.  2  -  Caracteristiqiies  radioelecctriques  des  trans¬ 
missions 
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Fig.  4  -  Example  deformation  des  ouvertures  liees  a  la 
diffusion  tropospherique. 

Si  I’on  connait  les  reponses  temporelles  des  ouvertures 
elementaires  du  canal  il  est  possible  de  classer  automati- 
quement  ces  ouvertures  en  realisant  un  logiciel  qui  iden- 
tifie  des  signatures  radioelectriques  aux  differents  meca- 
nismes  de  propagation.  Nous  avons  utilise  cette  technique 
pour  une  partie  des  resultats  de  nos  experimentations. 


Fig.  3  -  Variation  de  la  hauteur  optimale  de  I’antenne 
placee  au-dessus  du  sol. 

La  forme  du  diagramme  de  I’antenne  etant  tres  sensible  a 
sa  hauteur  au-dessus  du  sol,  il  existe,  pour  une  frequence 
et  une  distance  donnees,  une  hauteur  qui  maximise  la  du- 
ree  de  service  produitepar  les  meteores.  Les  hauteurs  uti- 
lisees  pour  les  experimentations  precedemment  decrites 
sont  tres  proches  des  hauteurs  optimales  obtenues  par  si¬ 
mulation  (figure  3). 

Pour  les  memes  liaisons,  d’autres  mesures  ont  ete  reali- 
sees  en  faisant  varier  les  hauteurs  des  aeriens  et  la  fre¬ 
quence  (70  MHz). 


Parmi  tous  ces  mecanismes  de  propagation,  le  plus  in¬ 
tense  est  la  diffusion  tropospherique  qui  masque  frequem- 
ment  I’activite  du  canal  meteorique  aux  courtes  distances. 
La  presence  de  cette  composante  parasite  (pour  I’expe- 
rimentation)  peut  etre  d6tectee  en  analysant  les  distribu¬ 
tions  statistiques  des  fermetures.  Les  durees  moyennes 
des  ouvertures  dues  a  la  diffusion  tropospherique  sont 
semblables  a  celles  des  meteores  (quelques  centaines  de 
ms).  Par  centre  les  instants  d’arrivee  des  meteores  produi- 
sant  les  ouvertures  suivent  une  distribution  Poissonnienne 
contrairement  a  ceux  associes  a  la  diffusion  troposphe¬ 
rique  qui  ne  sont  pas  independants.  Ces  derniers  r&ultent 
en  effet  du  d6coupage  d’un  evanouissement  du  a  quelques 
diffuseurs  (voir  figure  4). 


7  FILTRAGE  DES  MECANISMES  DE  PROPAGATION 
PRESENTS 

La  propagation  en  vue  directe  ou  par  diffraction  sur  le  sol 
peut  facilement  etre  identifiee  par  des  durees  d’ouverture 
tres  superieures  a  celles  du  canal  meteorique.  La  region 
E-sporadique  produit  des  reflexions  notamment  caracte- 
risees  par  une  amplitude  du  signal  re^u  tres  superieure  a 
celles  des  meteores.  Pour  des  frequences  comprises  entre 
40  et  100  MHz  et  des  latitudes  moyennes,  Poccurrence 
de  ce  m&anisme  de  propagation  est  cependant  rare.  Il  est 
egalement  possible  d’obtenir  des  echos  dus  a  la  diffusion 
ionospherique  pour  des  frequences  suffisamment  basses 
(autour  de  40  MHz).  Ces  deux  derniers  phenomenes  sont 
plus  probables  pour  des  distances  superieures  a  500  km 
que  pour  des  courtes  distances.  Enfin,  la  diffusion  tropo¬ 
spherique  peut  contribuer  d’une  maniere  importante  a  la 
duree  de  service  totale  pour  des  distances  inferieures  a 
400  km. 


7.1  Filtrage  des  evenements  Poissonniens 

Les  durees  moyennes  de  fermeture  du  canal  meteorique 
etant  grandes  devant  les  durees  moyennes  d’ouverture, 
une  distribution  Poissonnienne  des  instants  d’arrivee  des 
meteores  determinera  une  distribution  exponentielle  des 
durees  de  fermeture.  L’ analyse  graphique  des  resultats 
permet  d’obtenir  la  duree  de  fermeture  moyenne  “Pois¬ 
sonnienne”  6p  ainsi  que  le  pourcentage  d  ’evenements  Xp 
effectivement  Poissonniens. 

Pour  le  canal  meteorique  la  hauteur  optimale  de  I’antenne 
au-dessus  du  sol  est  inferieure  a  4  m  pour  les  courtes  dis¬ 
tances  (<  400  km).  Lorsque  I’on  eleve  progressivement 
I’antenne  au-dessus  de  cette  hauteur,  on  constate  que  la 
duree  de  service  s’accrolt  tandis  que  le  nombre  d’ evene¬ 
ments  Poissonniens  diminue.  Ce  resultat  est  du  a  la  pr6- 
sence  de  la  diffusion  tropospherique  qui  est  favorisee  par 
I’elevation  des  aeriens,  dans  la  mesure  ou  cette  elevation 
permet  d’accroitre  les  gains  des  antennes  pour  les  angles 
d’elevation  faible  (  <  5  degres ). 
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Lors  de  1’ experimentation  No  2  (3 10  km)  on  a  mesure  une 
duree  de  service  de  1  %  pour  une  antenne  Log-periodique 
placee  a  3  m  au-dessus  du  sol.  Pour  la  meme  liaison  et 
la  meme  periode  de  I’annee  (  debut  avril )  cette  duree  de 
service  devenait  egale  k  2  %  lorsque  la  hauteur  de  1’ an¬ 
tenne  etait  elevee  a  4  m  de  hauteur.  Bien  que  durant  la  pre¬ 
miere  partie  du  mois  d’avril  il  n’y  ait  pas  d’essaims  me- 
teoriques  presents,  cette  variation  pourrait  etre  due  k  des 
variations  de  I’activite  meteorique.  La  methoded’ analyse 
precedemment  decrite  permet  de  decider  que  cet  accrois- 
sement  est  essentiellement  du  a  la  diffusion  troposphe- 
rique  puisque  le  nombre  d’evenements  Poissonniens  di- 
minue  de  65  a  30  %  (hant :  3  m  -)■  4  m). 

Cette  diffusion  tropospheriquepeut  done  etre  detectee  aux 
courtes  distances  par  une  mesure  de  quelques  heures. 

On  peut  cependant  noter  que  nos  resultats  experimen- 
taux  fournissent  un  pourcentage  d’evenements  Poisson¬ 
niens  toujours  inferieur  a  70  %  alors  qu’en  presence  de 
la  seule  composante  meteorique  on  pourrait  s’attendre  a 
obtenir  un  pourcentage  superieur  a  90  %.  La  reponse  a 
ce  probleme  peut  etre  obtenue  en  examinant  un  resultat 
du  filtrage  des  reponses  temporelles  realise  sur  la  liai¬ 
son  No  5  (1029  km)  pour  une  duree  d’observation  de  2 
heures  (figure  5).  La  function  de  repartition  complemen- 
taire  des  durees  de  fermeture  pour  les  donnees  brutes  per¬ 
met  d’estimer  le  pourcentage  d’evenements  Poissonniens 
a  50  %  environ.  L’examen  des  reponses  temporelles  me- 
surees  fait  apparaitre  un  evanouissement  produisant  des 
coupures  sur  les  durees  d’ouverturedu  canal.  Apres  sup¬ 
pression  de  ces  coupures  et  d’  autres  modes  de  propagation 
reconnus  par  le  logiciel  de  filtrage  on  obtient  une  seconde 
droite  associee  a  un  pourcentage  d’evenements  poisson¬ 
niens  de  I’ordre  de  90  %.  Pour  cet  exemple,  on  n’obtient 
pas  100  %  d’evenements  Poissonniens  a  cause,  de  la  mau- 
vaise  ou  la  non-identification  d’un  certain  nombre  d’ou- 
vertures. 

Une  partie  notable  des  evenements  non  Poissonniens  est 
done  due  aux  coupures  des  ouvertures  du  canal  meteo¬ 
rique.  Ce  phenomene  reduit  simultanement  les  durees 
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Fig.  5  -  Filtrage  des  reponses  temporelles  du  canal. 
Exemple  de  droite  Poissonniene  avant  et  apres  filtrage. 


moyennes  d’ouverture  et  de  fermeture  mesurees  (donnees 
brutes).  La  duree  de  fermeture  “Poissonnienne”  5p  qui  est 
egale  aux  pentes  des  droites  de  la  figure  5  est  done  la  du¬ 
ree  de  fermeture  moyenne  obtenue  en  ne  prenant  pas  en 
compte  les  coupures  des  ouvertures. 

Le  pourcentage  d’evenements  Poissonniens  Xp  a  ete  es- 
time  pour  les  liaisons  dont  les  caracteristiques  sont  de- 
crites  dans  les  tableaux  1  et  2.  Sachant  que  la  duree  des 
ouvertures  sous-denses  croit  avec  la  distance,  il  semble  lo- 
gique  d’observer  une  decroissance  du  parametre  Xp  avec 
cette  distance  puisque  la  probabilited’evanouissement  sur 
une  trainee  ionisee  sera  d’autant  plus  forte  que  sa  duree  est 
importante  (figure  6). 

Compte  tenu  des  elements  precedents  il  semble  raison- 
nable  de  supposer  que  pour  les  faibles  hauteurs  d’  antenne 
utilisees  aux  courtes  distances,  la  saturation  du  parametre 
Xp  est  principalement  produite  par  les  evanouissements 
des  ouvertures  du  canal  meteorique  (hauteurs  optimales 
d’antenne).  Ce  resultat  peut  etre  confirme  en  examinant  la 
signature  diurne  du  canal  meteorique :  pour  la  liaison  No  2 
(310  km)  cette  signature  est  nettement  deformee  pour  une 
hauteur  de  4  m  alors  que  pour  une  hauteur  de  3  m  elle  est 
correctement  formee. 

Lorsque  les  antennes  sont  placees  a  leur  hauteur  optimale 
pour  le  canal  meteorique  (configurations  du  tableau  1)  les 
durees  de  service  mesurees  peuvent  done  etre  principale¬ 
ment  attribuees  a  celui-ci. 

7.2  Filtrage  des  reponses  temporelles 

Nous  avons  egalement  utilise  les  enregistrements  des  re¬ 
ponses  temporelles  pour  determiner  les  proportions  que 
Ton  peut  attribuer  a  chaque  mecanisme  de  propagation. 

Le  filtrage  des  reponses  temporelles  se  decompose  en 
deux  etapes.  La  premiere  etape  consiste  a  classer  chaque 
ouverture  a  partir  d’un  certain  nombre  de  tests  effectues 
sur  cette  ouverture.  La  deuxieme  etape  modifie  le  clas- 
sement  effectue  a  Tissue  de  la  premiere  etape  en  fonc- 
tion  du  classement  des  ouvertures  precedentes  et  sui- 
vantes.  Les  tests  effectues  sur  chaque  ouverture  sont  de 


Fig.  6  -  Variations  du  nombre  d’evenements  Poisson¬ 
niens  avec  la  distance. 
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differents  types : 

-  les  tests  de  type  «  geometriques  »  ou I’ on  tente de re- 
connaitre  la  reponse  temporelle  associee  a  I’ouver- 
ture  commme  une  forme  geometrique  simple.  Par 
exemple,  la  reponse  temporelle  associee  a  une  trai¬ 
nee  meteorique  sous-dense  sera  reconnue  geometri- 
quement  comme  un  triangle  grace  a  la  decroissance 
exponentielle  propre  a  ces  trainees. 

-  les  tests  associes  a  la  densite  spectrale  de  la  reponse 
temporelle  (utilisation  de  la  FFT,  nombre  de  pas¬ 
sage  par  la  valeur  mediane) 

-  les  tests  lies  a  la  densite  de  probabilite  de  la  reponse 
temporelle. 

Al’issu  des  deux  etapes,  les  ouvertures  du  canal  sontclas- 
sees  en  plusieurs  categories  : 

-  la  classe  «  sous-dense  »  regroupant  les  ouvertures 
associees  aux  trainees  sous-denses, 

-  la  classe  «  sur-dense  »  regroupant  les  ouvertures  as¬ 
sociees  aux  trainees  sur-denses, 

-  la  classe  «  fading  »  associee  aux  ouvertures  du  ca¬ 
nal  produites  par  des  meteores  dont  I’origine  (sous 
dense  ou  sur  dense)  est  indeterminee.  La  reponse 
temporelle  est  affectee  d’evanouissements, 

-  la  classe  «  reflexion  »  associee  a  des  ouvertures 
dont  les  reponses  temporelles  evanescentes  et  dont 
les  origines  peu vent  etre  multiples  (diffusion  tropo- 
spherique,  trainees  meteoriques  non  speculaires), 

-  la  classe  «  diffusion  »  dont  les  ouvertures  corres¬ 
pondent  a  des  reponses  temporelles  suivant  une  loi 
de  Rayleigh. 

La  figure  7  donne  les  resultats  de  classement  pour  la 
liaison  No  2.  On  remarque,  pour  cette  configuration  de 
liaison,  la  contribution  majoritaire  du  canal  meteorique 
(classes  «  sous-denses  »,  «  sur-denses  »  et «  fading  »). 


Fig.  7  -  Exemple  defiltrage  des  modes  de  propagation. 
Liaison  No  2  du  tableau  2. 


8  ANALYSE  GLOBALE  DES  PERFORMANCES  DU 
CANAL 

8.1  Durees  de  fermetures  du  canal 

La  duree  moyenne  de  fermeture  etant  inversement  propor- 
tionnelle  au  nombre  moyen  de  meteores  observes  durant 
une  seconde  (5  <<  r),  on  peut  esperer  prevoir  correc- 
tement  ce  parametre  (voir  f  3).  Les  fermetures  “Poisson- 
niennes”  6p  mesurees  pour  les  cinq  liaisons  du  tableau  1 
peuvent  etre  comparees  aux  estimations  de  la  modelisa- 
tion  en  volume  (meteores  sous-denses)  qui  prend  notam- 
ment  en  compte  les  variations  diurne  et  annuelle  de  I’ac- 
tivite  meteorique  (figure  8). 

Les  resultats  theoriques  et  experimentaux  sont  raisonna- 
blement  proches  compte  tenu  des  incertitudes  presentes 
dans  certains  elements  de  la  simulation. 


Fig.  8  -  Durees  de  fermetures  moyennes  pour  les  liaisons 
reportees  dans  le  tableau  1.  Les  simulations  ont  ete  effec- 
tuees  pour  les  dates  medianes  associees  aux  mesures. 


Fig.  9  -  Variation  diume  de  la  duree  de  service  du  canal 
meteorique  pour  la  liaison  No  5  du  tableau  1  (1029  km). 
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8.2  Parametres  lies  aux  durees  d’ouverture  du  canal 

Les  performances  du  canal  sont  essentiellement  determi- 
nees  par  la  duree  de  service  qui  depend  des  durees  d’ou¬ 
verture  du  canal.  Bien  que  ce  dernier  parametre  soit  mal 
evalu6  par  notre  modele,  la  variation  diurne  de  la  duree 
de  service  est  correctement  estimee  par  la  modelisation 
en  volume  (figure  9).  Ce  resultat  est  notamment  du  aux 
faibles  variations  de  la  duree  d’ouverture  dans  une  jour- 
nee. 

Les  durees  d’ouverture  moyenne  mesurees,  fournies  dans 
le  tableau  3,  montrentque  ce  parametre  evoluepeu  avecla 
distance.  On  peut  egalement  estimer  le  nombre  moyen  de 
coupures  Nc  par  meteore  a  partir  du  pourcentage  d’eve- 
nements  Poissonniens  Xpi 


La  faible  variation  de  la  duree  d’ouverture  avec  la  dis¬ 
tance  est  en  partie  expliquee  par  I’accroissement  du  para¬ 
metre  Nc- Pour  les  courtes  distances,  la  duree  d’ouverture 
est  nettement  superieure  a  celle  fournie  par  les  modeles. 
La  presence  des  meteores  sur-denses,  modelises  par  1’ ap¬ 
proximation  du  cylindre  metallique,  ne  semble  pas  suffi- 
sante  pour  justifier  ce  resultat  experimental. 

9  Conclusion 

Le  filtrage  des  mecanismes  de  propagation  presents,  pour 
des  liaisons  VHP  transhorizons,  a  permis  d’identifier  les 
phenomenes  physiques  lies  au  canal  meteorique  que  les 
modelisations  doivent  decrire  le  plus  finement  possible. 


Liaison 

D(km) 

f  (ms) 

Nc 

2 

310 

253 

0.49 

3 

363 

248 

0.75 

4 

706 

298 

1.08 

5 

1029 

280 

1.22 

Tab  .  3  -  Durees  d’ouvertiire  moyenne  du  canal  et  nombre 
de  coupures  moyen  par  meteore. 


Fig.  10-  Variation  annuelle  de  la  duree  de  service  du  ca¬ 
nal  meteorique  pour  la  liaison  No  5  du  tableau  1. 


La  modelisation  du  canal  meteorique  fait  intervenir  des 
phenomenes  physiques  complexes  que  nous  n’avons  pas 
tous  completement  decrits.  En  particulier,  la  distribution 
des  ouvertures  du  canal  semble  difficile  a  modeliser  dans 
lamesure  ou  elleresulte,  d’unepart,  d’un  phenomenede- 
terministe  (diffusion  par  la  trainee)  qui  ne  peut  etre  sim- 
plement  analyse  que  pour  les  trainees  rectilignes  stricte- 
ment  sous-denses,  et  d’ autre  part,  des  distorsions  de  la 
forme  de  la  trainee  qui  produit  des  evanouissements. 

Les  travaux  theoriques  et  experimentaux  que  nous  avons 
realises  fournissent  cependant  un  ensemble  de  donnees 
qui  permettent  de  definir  les  principaux  parametres  d’un 
systeme  de  transmissions.  Le  choix  des  antennes  opti- 
males  peut  etre  facilement  determine  en  utilisant  une  mo¬ 
delisation  avec  integration  de  surface  tandis  que  les  va¬ 
riations  temporelles  des  parametres  du  canal  seront  mieux 
evaluees  avec  une  integration  de  volume. 
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DISCUSSION 


Discussor’s  name:  P.  Cannon 


Comment/Question : 

As  you  know  it  is  critical  in  meteor  burst  modelling  to  use  a  realistic  model  for  the  distribution  of 
meteor  radiants.  Have  you  investigated  the  use  of  models  other  than  that  due  to  Pugh?  Have 
you  included  shower  meteors  in  your  model? 


Author/Presenter’s  reply: 

Nous  avons  modifie  le  modele  de  Pugh  pour  tenir  compte  des  radiants  des  meteores.  Dans  les 
modeles  “integration  en  volume”,  nous  tenons  compte  egalement  de  la  distribution  des  radiants. 
Nous  utilisons  les  distributions  experimentales  des  orbites  des  meteores  (energie  orbitale  1  et 
inclinaison  i)  determinees  par  J.  Delacourt).  a 

Nous  sommes  interesses  uniquement  aux  meteores  sporadiques,  mais  les  distributions  associees 
aux  essaims  meteoriques  peuvent  etre  introduites  dans  les  modeles. 

(Translation: 

We  have  modified  Pugh’s  model  to  take  into  account  meteor  showers.  In  the  “integration  in 
volume”  models  we  also  take  into  account  the  distribution  of  radiants.  We  use  the  experimental 
distribution  of  meteor  orbits  (orbital  energy  1_  and  inclination  i)  determined  by  J.  Delacourt. 

a 

We  are  only  interested  in  sporadic  meteors,  but  the  distributions  associated  with  meteor  showers 
can  be  introduced  into  the  models). 
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1.0  Summary 

Experimental  and  modelling  results  from  a  programme  to 
improve  the  data  throughput  of  meteor  scatter 
communications  systems  are  presented. 

The  method  of  passive  beam  formation  using  a  4-element 
Butler  matrix  to  improve  the  signal  availability  of  meteor 
scatter  communication  systems  is  investigated.  Butler  matrix 
signal  availability  is  compared  with  the  performance  of  a 
single  Yagi  reference  system  using  ~6.5  hours  of  data  from  a 
720  km  North-South  temperate  latitude  link.  The  signal 
availability  gain  of  the  Butler  matrix  is  found  to  range 
between  1.6-1. 8  over  the  SNR  threshold  range  20-30  dB.  The 
signal  availability  can  be  further  improved  by  ~10%-20%  in  a 
system  employing  two  4-element  Butler  matrices  with 
squinted  beams  so  as  to  Illuminate  the  sky  with  eight  high  gain 
beams.  Space  diversity  is  found  to  increase  the  signal 
availability  of  a  single  antenna  system  by  ~10%-15%  but  the 
technique  has  very  little  advantage  in  a  system  already 
employing  passive  beam  formation. 

At  low  SNR,  the  Butler  matrix  also  compares  favourably  with 
a  system  employing  adaptive  beam  formation  driven  by 
direction  finding.  The  overhead  time  needed  to  continually 
direction  find  with  the  gain  of  a  single  antenna  mitigates 
against  the  adaptive  scheme  at  low  SNR.  For  high  SNR 
signals,  however,  the  adaptive  system  outperforms  the  Butler 
matrix. 

A  detailed  computer  model  designed  to  predict  the  duty  cycle 
of  a  general  forward  meteor  scatter  communications  link  has 
also  been  developed.  The  model  incorporates  effects  such  as 
major  shower  streams,  a  non-uniform  radiant  distribution  and 
antenna  polarisation  coupling,  including  Faraday  rotation,  A 
particularly  useful  aspect  of  the  model  is  its  capacity  to  predict 
the  passage  of  hotspot  regions  across  the  sky.  Experimental 
results  are  presented  to  validate  the  accuracy  of  these 
predictions.  A  computer  controlled  single  high  gain  beam 
meteor  scatter  system  is  eventually  envisaged. 

2.0  Introduction 

A  recurring  barrier  to  the  widespread  application  of  meteor 
scatter  communication  (MSC)  is  its  low  data  throughput, 
typically  of  the  order  of  a  few  tens  of  bits/sec  in  simple 
simplex  systems  [e.g..  Cannon  and  Reed,  1987].  The  low 
throughput  is  due  to  the  intermittent  nature  of  meteor  trails, 
the  low  received  signal  power  and  the  decay  of  the  signal-to- 
noise  ratio  (SNR)  with  time. 

One  strategy  to  overcome  the  low  data  throughput  focuses  on 
improved  error  coding.  Fixed  rate  forward  error  correction 
(FEC)  coding  offers  an  improvement  of  -25%  in  the  data 
throughput  over  un-coded  systems  [Miller  and  Milstein, 
1990].  Further  slight  improvements  can  be  made  by  using 
more  complex  variable  rate  coding  schemes  [Pursley  and 


Sandberg,  1989]  but  significant  advances  are  constrained  by 
the  limited  bandwidth  of  most  MSC  systems. 

An  alternative  technique  is  to  employ  variable  data 
transmission  rates  whereby  the  data  rate  profile  mimics,  in 
some  fashion,  the  decay  profile  of  the  trail  SNR.  Such  a 
scheme  takes  advantage  of  the  relatively  high  SNR  at  the 
beginning  of  the  trail  [e.g.,  Weitzen  etal,  1984]. 

Shukla  et  al.  [1992]  and  Cannon  et  al.  [1993]  investigated 
increasing  the  trail  duration,  and  thereby  the  data  throughput, 
by  using  antenna  space  diversity.  This  technique  takes 
advantage  of  the  fact  that  towards  the  end  of  a  trail,  and 
particularly  in  the  case  of  long  duration  trails,  the  Incoming 
wavefront  is  no  longer  planar  due  to  interference  between 
decorrelated  signals.  Cannon  etal.  [1993]  recommended  an 
antenna  spacing  of  at  least  202,,  preferably  greater,  to  take 
advantage  of  the  diversity  gain  of  all  types  of  trails,  typically 
around  15%  [Shukla  and  Cannon,  1993]. 

There  are  also  a  variety  of  high  gain  antenna  approaches  to 
increasing  the  data  throughput  [e.g.,  Mawrey  and  Weitzen, 
1995]  which  can  be  sectioned  into  two  categories,  namely 
passive  and  adaptive  beam  forming  techniques.  In  these 
schemes  those  regions  of  the  sky  geometrically  favoured  for 
meteor  signal  return  (hotspots)  are  illuminated  with  high  gain. 
Adaptive  beam  formation  entails  the  synthesis  of  a  high  gain 
beam  based  on  directional  information  about  the  hotspots  or 
the  trail  itself  whilst  the  method  of  passive  beam  formation 
synthesises  a  number  of  high  gain  beams  looking  at  fixed 
areas  of  the  sky. 

The  primary  advantage  of  the  adaptive  scheme  is  its  ability  to 
synthesise  a  high  gain  beam  in  the  direction  of  incoming 
individual  trails.  Unfortunately,  only  the  single  array  element 
gain  is  available  during  the  trail  detection  and  beam  synthesis 
process  and  consequently  additional  compensatory  coding 
gain  is  required  at  the  start  of  transmission.  Systems  using 
passive  fixed  direction  beams  are  not  burdened  by  the  trail 
detection  overhead  and  require  no  extra  coding.  Kilpatrick  et 
al.  [1991],  in  a  theoretical  study,  concluded  that  the  passive 
method  of  beam  formation  by  a  Butler  matrix  is  preferred  over 
the  adaptive  method.  Ease  of  hardware  implementation  and 
applicability  to  either  transmit  or  receive  stations  were  further 
advantages  cited  in  favour  of  passive  synthesis  of  multiple 
beams.  Kilpatrick  et  a/.  [1991]  also  pointed  out  a  shortcoming 
of  the  Butler  matrix  due  to  the  —4  dB  beam  crossover  points. 
Minimisation  of  this  shortfall  is  an  issue  of  importance  in  this 
paper. 

The  Butler  matrix  was  the  preferred  method  of  Mawrey  and 
Weitzen  [1995]  to  passively  synthesise  multiple  beams  for 
reception  purposes.  A  4-element  hardware  radio  frequency 
(RF)  Butler  matrix  was  used  for  reception.  An  approximate 
doubling  of  the  average  hourly  data  throughput  relative  to  a 
single  antenna  reference  system  was  observed. 


Paper  presented  at  the  AGARD  SPP  Symposium  on  “Digital  Communications  Systems:  Propagation  Ejfects, 
Technical  Solutions,  Systems  Design",  held  in  Athens,  Greece,  18-21  September  1995  and  published  in  CP-574. 
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In  this  paper,  we  move  forward  from  the  conventional  RF 
implementation  of  the  Butler  matrix  to  a  baseband  DSP 
realisation.  This  advance  provides  for  more  flexibility, 
together  with  lower  hardware  and  implementation  costs.  Our 
results  confirm  the  advantages  of  fixed  beam  MSC  systems 
observed  by  Mawrey  and  Weitzen  [1995].  The  parallel 
operation  of  a  number  of  4-element  Butler  matrices  each 
producing  a  set  of  overlapping  squinted  beams  is  also 
investigated.  Such  an  approach  can  provide,  at  the  expense  of 
a  number  of  parallel  DSPs,  the  full  theoretical  gain  of  a  single 
4-element  Butler  matrix  regardless  of  the  azimuthal 
orientation  of  incoming  meteor  trails.  This  investigative 
exercise  highlights  the  greater  flexibility  of  the  digital 
implementation  of  the  Butler  Matrix  over  the  RF  approach. 

Finally,  the  paper  details  a  MSC  computer  prediction  model 
that  may  be  used  to  help  steer  a  single  high  gain  beam.  Such  a 
system  offers  the  prospect  of  an  adaptive  system  which  is  not 
hampered  by  the  direction  finding  and  beam  synthesis 
overhead  whilst  retaining  the  high  gain  premiums. 
Experimental  evidence  is  presented  to  qualitatively  show  that 
the  model  predictions  are  accurate  enough  to  allow  the 
realisation  of  a  computer  model  driven  adaptive  MSC  system. 

3.0  Butler  matrix 

3.1  Experimental  details 

Data  for  this  experiment  were  collected  during  November 
1994  from  a  720  km  temperate  latitude  link  between  Wick, 
Scotland  (58.56°N,  3.28°W)  and  Pershore,  England  (52.14°N, 
2.04°W).  Measurements  were  collected  in  30  minute  periods 
with  start  times  from  1035  UT  to  1510  UT.  The  Wick  station 
transmitted  400  W  continuous  wave  at  40  MHz  using  a  4- 
element  horizontally  polarised  Yagi  antenna  positioned  at  a 
height  of  -lA,  above  the  ground.  The  reception  system  at 
Pershore  consisted  of  five  4-element,  horizontally  polarised 
Yagi  antennas  mounted  ~1A,  above  the  ground  along  an  East- 
West  line  pointing  towards  the  transmitter  at  Wick.  The  first 
four  antennas  were  equally  spaced  at  1.25^  (-10.2  m)  apart  to 
form  a  linear  array  with  a  fifth  diversity  antenna  located  ~30X. 
(-240  m)  from  the  fourth  antenna. 

Fuller  details  about  the  hardware  and  the  digital  signal 
processing  steps  can  be  found  in  Akram  and  Cannon  [1995].  It 
is  sufficient  to  note  here  that  five  channels  of  in-phase  and 
quadrature  components  were  logged  to  a  PC  at  -300  samples/s 
in  each  data  run.  Thirteen  data  runs  were  conducted  to  provide 
a  total  of  -6.5  hours  of  data  which  were  subsequently  post 
processed. 

5.2  Butler  matrix  method  of  passive  beam  forming 

The  Butler  matrix  is  a  passive  method  of  synthesising  N 
beams  from  N  receivers  where  each  beam  has  the  full  gain  of 
the  receiver  array  and  N  is  an  integer  power  of  two.  The 
azimuthal  gain  profile  of  a  single  4-element  Yagi  antenna  at 
-40  MHz  is  such  that  the  3  dB  points  are  approximately  at 
(|)=±30°.  The  directional  property  of  the  4-element  Yagi 
antenna  thus  dictates  that  the  four  synthesised  matrix  beams 
be  constrained  to  lie  approximately  within  the  azimuthal 
sector  -30°«t)<30°.  A  4-element  Butler  matrix  receiving 
inputs  from  a  linear  array  with  inter-element  spacing  1.25X 
synthesises  four  beams  at  azimuthal  angles  ±6®  and  ±17°.  The 
equal  inter-element  spacing  of  1.25X  was  derived  from  an 
optimisation  of  the  duty  cycle  using  the  computer  model  of 
Akram  and  Cannon  [1994]. 


The  Butler  matrix  provides  an  improved  SNR  figure  by 
coherently  combining  the  wanted  signals  whilst  incoherently 
combining  the  noise.  A  4-element  Butler  matrix,  taking  its 
inputs  from  identical  antennas,  can  provide  a  maximum 
increase  in  SNR  of  6  dB  relative  to  a  single  input  antenna 
when  the  noise  sources  are  uniformly  distributed  in  space  and 
the  incoming  wave  is  perfectly  planar.  The  latter  condition  is 
an  important  assumption  behind  the  use  of  the  Butler  matrix. 
There  is  no  advantage  in  using  the  Butler  matrix  if  the  input 
signals  are  not  phase  coherent,  e.g.,  if  they  are  the  result  of 
scatter  from  a  multitude  of  dynamic  sources.  Space  diversity  is 
more  appropriate  in  increasing  the  SNR  in  such  situations. 

Another  limitation  of  the  Butler  matrix,  even  with  planar 
wavefronts,  is  the  drop  in  the  SNR  gain  to  -2  dB  at  the  beam 
crossover  points.  Thus  the  use  of  a  Butler  matrix  in  the 
reception  system,  is  equivalent  to  increasing  the  transmitter 
power  by  a  factor  lying  between  2  and  6  dB  depending  on  the 
azimuthal  arrival  angles  of  the  meteor  trails. 

3.3  Single  antenna  and  Butler  matrix  results 

One  method  of  comparing  the  relative  merits  of  MSC  systems 
is  to  examine  the  improvement  in  signal  availability  above 
some  fixed  SNR  threshold  whereby  a  common  bit  error  rate  is 
ensured  in  the  systems  being  compared.  The  signal  availability 
is  defined  as  the  integrated  duration  (ms)  a  signal  spends 
above  some  SNR  threshold  (dB).  Data  from  the  thirteen 
blocks,  each  of  30  minutes  duration,  were  individually 
processed  and  analysed.  No  attempt  was  made  to  categorise 
the  data  into  meteoric  or  non-meteoric  events. 

The  phased  array  data  were  processed  as  a  4-element  Butler 
matrix  with  the  output  beams  at  azimuthal  angles  ±6°  and 
±17°.  The  four  beams  were  continuously  monitored  to  pick 
that  beam  with  the  highest  instantaneous  SNR.  The  single 
antenna  reference  system  signal  was  taken  to  be  the  mean  of 
the  four  phased  signals  feeding  the  Butler  matrix.  Figure  1 
shows  the  signal  availability  improvement  factor  as  a  function 
of  operational  SNR  for  the  Butler  matrix  system  F(BM)  over 
the  reference  system.  The  standard  error  on  the  F(BM)  ratio 
values  have  been  calculated  from  the  thirteen  separate  data 
files  and  show  a  clear  decrease  with  Improving  statistics  at  the 
lower  SNR  thresholds.  The  large  experimental  errors  have 
resulted  from  the  limited  observation  period  of  -0.5  hours 
preventing  the  detection  of  similar  number  of  high  SNR  trails 
during  the  thirteen  separate  data  acquisition  runs.  These  errors 
can  be  stabilised  by  extending  the  observation  period  or  the 
number  of  the  data  runs. 

Also  shown  in  Figure  1  is  the  improvement  in  signal 
availability  to  be  expected  if  all  incoming  trails  follow  the 
classical  underdense  distribution.  According  to  Sugar  [1964], 
a  6  dB  increase  in  transmitter  power  leads  to  roughly  a  two¬ 
fold  increase  in  the  number  of  trails.  Hence  a  doubling  of 
signal  availability  is  to  be  expected  through  the  use  of  a  4- 
element  Butler  matrix.  The  expected  improvement  is  actually 
around  -1.7  if  we  take  into  account  the  mean  improvement  in 
the  SNR  of  the  Butler  matrix  over  the  active  azimuthal  range. 

The  experimental  improvement  values  are  found  to  be 
threshold  dependent  and  lie  just  below,  or  match,  the  classical 
improvement  values  over  the  SNR  range  20  to  25  dB  before 
rising  towards  the  upper  line  over  the  SNR  range  25  to  30  dB. 
Thereafter,  the  experimental  values  are  seen  to  increase 
dramatically  for  SNR>31  dB.  The  Butler  matrix  appears  to  be 
under  performing  for  SNR<25  dB  even  though  the 
improvement  factors  are  within  acceptable  bounds  overall. 
The  experimental  results  of  Figure  1  are  consistent  with  the 
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RF  based  4-elenient  Butler  matrix  [Mawrey  and  Weitzen, 
1995]  where  the  average  hourly  meteor  arrival  rate  was 
observed  to  be  approximately  double  that  of  a  single  antenna 
system. 


SNR  (dB) 


Fig.  1.  Signal  avaiiabiiity  improvement  of  the  Butler 
matrix. 

The  theoretical  analysis  of  Akram  and  Cannon  [1995]  predicts 
the  dramatic  improvement  increase  seen  in  the  BM  system 
over  the  reference  system  for  SNR>31  dB. 

3.4  Multi-Butler  matrices  and  space  diversity  results 

We  now  address  the  issue  of  the  shortfall  in  the  Butler  matrix 
performance  owing  to  the  ~-4  dB  beam  crossover  points  as 
highlighted  by  Kilpatrick  [1991].  The  full  gain  of  the  Butler 
matrix  is  not  utilised  if  the  incident  wavefront  is  not 
coincident  with  one  of  the  four  main  beam  directions  and 
indeed  in  the  worst  case  the  SNR  gain  of  a  4-element  Butler 
matrix  can  fall  from  6  dB  to  only  2  dB.  The  obvious  solution 
to  minimise  the  shortfall  is  to  increase  the  number  of  beams 
(e.g.,  from  4  to  8)  that  are  used  to  illuminate  the  common 
volume.  This  will  increase  the  likelihood  of  main  beam 
excitation  but  the  beam  crossover  points  still  occur  at  —4  dB. 
The  implementation  of  an  8-element  Butler  matrix  will  double 
the  hardware  requirements  in  terms  of  the  number  of  antennas 
and  receivers  and  also  significantly  increase  the  level  of  DSP 
complexity.  It  should  be  noted  that  the  implementation  of  such 
a  Butler  matrix  solely  in  hardware  will  increase  the  number  of 
directional  couplers  to  12  and  the  number  of  phase  shifters  to 
8. 

In  our  DSP  implementation,  we  find  that  the  number  of 
illumination  beams  can  be  increased  from  4  to  8  more  simply 
by  running  two  4-element  Butler  matrices  in  parallel.  There  is 
no  increase  in  the  number  of  antennas  and  receivers  with  this 
method  and  the  DSP  processing  overhead  is  lower  than  in  the 
case  of  an  orthodox  8-element  Butler  matrix.  In  our 
implementation  the  second  4-element  Butler  matrix  has  its 
main  beams  coincident  with  the  beam  crossover  points  of  the 
first  resulting  in  eight  'look'  directions.  This  technique  can  be 
likened  to  diversity  in  the  azimuthal  domain  as  we  are 
attempting  to  counter  the  'fades'  in  the  output  of  one  Butler 
matrix  by  switching  to  the  second.  Whilst  more  squinted 
Butler  matrices  could  be  implemented  a  trade  of  between 
complexity  and  throughput  would  probably  place  a  limit  at 
two  or  three  pseudo  arrays. 

In  synthesising  eight  'look'  directions,  the  second  4-element 
Butler  matrix  can  be  derived  from  the  original  matrix  by 
progressively  phase  shifting  the  inputs  to  steer  the  directions 
of  the  four  main  output  beams  to  the  required  azimuthal 


angles.  This  method  of  superimposing  beams  has  the 
additional  advantage  of  raising  the  beam  crossover  points  to 
—2  dB,  an  increase  of  2  dB  on  both  the  single  4  and  8-element 
Butler  matrix. 

It  is  instructive  to  extend  the  signal  availability  analysis  to 
quantify  the  improvement  offered  by  the  new  technique  of 
overlapping  Butler  matrices.  The  advantages  of  a  MSC  system 
that  is  able  to  switch  between  passively  synthesised  beams  and 
space  diversity  depending  on  which  of  these  two  techniques 
gives  the  highest  instantaneous  SNR  are  also  investigated. 

Four  configurations  of  improved  MSC  reception  systems  are 
considered:  a  dual  Yagi  selection  diversity  combiner  (DVT);  a 
single  4-element  Butler  matrix  with  the  output  beams  at 
azimuthal  angles  +6°  and  ±17®  (BMA);  a  phase  shifted  4- 
element  Butler  matrix  (BMB)  derived  from  BMA;  parallel 
operation  of  the  4-element  Butler  matrices  BMA  and  BMB  to 
produce  eight  'look'  directions  (BMC);  and  finally,  parallel 
operation  of  the  diversity  combiner  and  the  eight  'fingered' 
Butler  matrix  BMC  (DVT-i-BMC).  The  signal  availability 
improvement  factors,  relative  to  the  reference  system  (REF), 
as  a  function  of  SNR  threshold  for  these  four  systems  are 
summarised  in  Figure  2. 


SNR  (dB) 


Fig.  2.  Comparison  of  the  signal  availability  improvement 
factors  for  various  MSC  systems. 

The  diversity  system  DVT  shows  the  most  modest 
improvement,  typically  around  ~10%-15%,  a  figure  that  is 
almost  threshold  independent  over  the  SNR  range  20-35  dB. 
The  rise  in  the  improvement  seen  for  SNR>35  dB  could  be  an 
artefact  of  poor  statistics  (small  sample  size)  rather  than  an 
actual  increase.  It  was  verified  that  the  diversity  improvement 
was  higher,  rising  to  almost  50%,  for  low  amplitude  signals 
with  SNRs  between  10  dB  to  20  dB.  This  substantiated  the 
view  that  diversity  effects  play  a  more  prominent  role  towards 
the  end  of  a  trail  lifetime.  Practical  MSC  systems  are, 
however,  unable  to  exploit  these  fairly  significant  50% 
improvements  as  the  SNR  is  below  usable  thresholds. 

The  improvement  factors  of  the  two  4-element  Butler  matrices 
BMA  and  BMB  is  expected  to  be  very  similar  if  a  few  general 
assumptions  are  satisfied.  An  important  assumption  is  that  all 
'look'  directions  lie  within  the  active  azimuthal  profile  of  the 
single  Yagi.  If  so,  the  envelope  of  the  maximum  instantaneous 
SNR  of  the  beams  of  each  matrix  should  be  very  similar  when 
averaged  over  a  large  number  of  randomly  arriving  sporadic 
meteors.  It  will  be  noticed  that  the  BMA  improvement  always 
exceeds  the  BMB  value  where  there  is  a  difference.  This  is 
probably  a  direct  result  of  the  alignment  of  one  of  the  beams 
of  the  BMB  matrix  with  the  great  circle  at  (j)=0®,  a  region  of 
the  sky  with  the  lowest  probability  of  signal  return.  Over  the 
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SNR  range  20  to  30  dB  where  the  meteor  numbers  are  large 
and  arrival  angles  fairly  random,  the  performance  of  the  two 
Butler  matrices  is,  as  expected,  very  similar. 

The  BMC  signal  availability  improvement  factor  in  Figure  2 
shows  the  added  advantage  of  employing  two  4- element 
Butler  matrices  in  parallel.  Signal  availability  has  increased  by 
-10%  over  BMA  or  BMB  at  the  lower  thresholds  rising  to 
>20%  at  the  highest  thresholds.  This  improvement  can  be 
viewed  as  arising  from  the  approximate  doubling  of  the 
coverage  of  the  sky  with  the  full  gain  of  the  original  4-element 
Butler  matrix.  Alternatively,  and  perhaps  more  accurately,  the 
improvement  results  from  raising  the  beam  crossover  points 
from  —4  dB  to  —2  dB. 

Turning  finally  to  the  DVT+BMC  improvement  factor  in 
Figure  2,  we  find  that  the  addition  of  diversity  increases  the 
signal  availability  by  an  almost  threshold  independent  figure 
of  -2.5%  over  BMC.  This  strikingly  confirms  the  qualitative 
conclusion  reached  earlier  that  diversity  has  little  to  offer  in 
beam  synthesised  systems. 

4.0  Direction  Hnding  driven  adaptive  beam  forming 
scheme 

We  have  shown  above  that  the  parallel  operation  of  Butler 
matrices  offers  an  effective  method  of  monitoring  almost  the 
entire  sky  with  the  combined  gain  of  the  reception  array.  The 
method  of  parallel  Butler  matrices  approaches  the  ideal 
reception  solution  of  targeting  incoming  individual  trails  with 
the  full  available  gain.  We  now  investigate  the  relative  merits 
of  such  an  adaptive  beam  forming  scheme  and  compare  its 
performance  against  the  single  4-element  Butler  matrix. 

For  this  exercise,  the  4-element  array  at  the  Pershore  station 
was  modified  such  that  the  inter-element  spacing  was  reduced 
to  -0.625X.  This  prepared  the  use  of  the  array  for  direction 
finding  purposes.  Data  was  taken  for  roughly  the  same  length 
of  time  as  that  for  the  Butler  matrix  study  and  once  again  post 
processing  was  applied  to  the  data. 

The  mean  phase  difference  between  adjacent  antennas  was 
computed  for  two  consecutive  blocks  of  ten  sample  points.  A 
new  beam  was  synthesised  if  the  arrival  direction  associated 
with  the  second  block  was  outside  the  3  dB  drop-off  points  of 
the  4-element  array  factor  centred  on  the  arrival  direction  of 
the  first  block.  Beam  forming  with  the  old  phase  weights  took 
place  every  sample  point  even  though  variations  in  the  phase 
differences  (to  detect  changes  in  arrival  directions)  were  only 
monitored  every  ten  points.  As  with  the  Butler  matrix,  the 
performance  of  the  adaptive  beam  system  was  referenced  to  a 
single  antenna  system.  This  was  taken  to  be  the  mean  of  the 
four  signals  input  into  the  beam  forming  network. 

Figure  3  shows  the  comparison  of  the  improvement  factor  of 
the  4-element  adaptive  scheme  with  the  results  of  the  Butler 
matrix  study  already  shown  in  Figure  2.  The  performance  of 
the  adaptive  scheme  is  below  that  of  the  Butler  matrix  over  the 
SNR  range  20-32  dB  but  is  superior  thereafter.  It  appears  that 
there  is  no  advantage  in  changing  the  beam  direction  to  keep 
up  with  the  high  frequency  of  direction  changes  that  occurs  at 
low  SNR.  The  adaptive  process  is  also  limited  by  the  poor 
accuracy  of  the  direction  finding  algorithm  at  low  SNR. 
Therefore,  it  is  better  to  use  the  simpler  passive  scheme  of 
fixed  direction  beams  to  monitor  the  more  numerous  low  SNR 
meteors.  However,  for  the  less  frequent  high  SNR  meteors 
with  well  defined  arrival  directions,  it  is  advantageous  to  form 
a  beam  in  the  correct  direction. 


Fig.  3.  Comparison  of  passive  and  adaptive  beam 
forming  schemes. 

5.0  Computer  prediction  model  driven  adaptive  scheme 

We  now  consider  an  adaptive  scheme  where  the  beam 
direction  is  controlled  by  a  prediction  model  such  that  a  beam 
is  synthesised  towards  the  hot  spots,  i.e.  regions  of  significant 
meteor  scatter.  This  approach  is  simple  to  implement,  the  gain 
is  likely  to  be  comparable  to  the  4-element  Butler  Matrix  and 
it  is  not  subject  to  the  disadvantages  of  the  real-time  direction 
finding  adaptive  scheme.  The  theoretical  framework  behind 
the  computer  prediction  model  presented  here  is  fully 
described  in  Akram  and  Cannon  [1994].  We  describe  here  the 
graphical  output  of  the  model  and  its  usefulness  in  providing 
directional  information  to  steer  a  high  gain  beam. 

We  first  discuss  model  results  from  a  link  where  the  general 
characteristics  are  well  understood.  Consider  a  link  running 
West  to  East  through  10°  of  longitude  on  the  equator.  Figure  4 
shows  a  typical  example  of  the  graphical  output  from  the 
model  at  various  local  times  when  the  non-uniform  Davies- 
Pupyshev  hybrid  radiant  distribution  [Akram  and  Cannon, 
1994]  is  specified.  The  contour  plots  are  displayed  over 
identical  (x,  y)  planar  regions  at  an  altitude  of  100  km.  The  (x, 
y)  values  range  over  the  domain  (-2D<x<2D,  -2D<y<2D) 
where  2D  is  the  ground  range.  It  should  be  noted  that  the 
transmitter-receiver  separation  along  the  x-axis  is 
approximately  equal  to  the  ground  range.  More  rigorously,  the 
conversion  of  (x,  y)  distances  to  distances  along  and 
perpendicular  to  the  great  circle  joining  the  transmitter- 
receiver  results  in  errors  typically  less  than  -0.5%,  e.g.,  the 
transformation  of  the  maximum  ground  range  of  2000  km 
leads  to  a  distance  along  the  x-axis  which  differs  by  only  -10 
km.  Thus  as  a  simplifying  step  all  results  are  presented  in  link 
co-ordinates  rather  than  in  distances  along  and  perpendicular 
to  the  great  circle  joining  the  transmitter-receiver. 

Panel  (I)  describes  the  meteor  deteetion  probability  levels  at 
local  time  (LT)  0600,  the  higher  the  contour  level,  the  higher 
the  probability  of  locating  a  usable  meteor  trail.  Immediately 
obvious  is  the  asymmetry  resulting  from  the  tilt  of  the  earth's 
spin  axis  to  the  ecliptic  normal  which  causes  the  hot  spots  to 
differ  in  size  and  strength.  The  tilt  has  the  effect  of  increasing 
the  probability  of  meteor  detection  north  of  the  great  circle  (x- 
axis),  albeit  over  a  smaller  area  in  relation  to  the  southern 
dispersed  hotspot. 

The  remaining  three  panels  of  Figure  4  show  the  subsequent 
evolution  of  the  hotspots  at  six  hourly  intervals.  In  panel  (II) 
(local  noon)  an  overall  decrease  in  the  probability  of  meteor 
scatter  with  a  particularly  sharp  decline  northwards  of  the 
transmitter-receiver  great  circle  is  observed.  At  this  time  the 
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PANEL  (II) 
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Fig.  4.  Evolution  of  hotspots  at  six  hourly  intervals. 

concentrated  meteor  flux  originating  from  radiants  centred  at 
Xg  =  295  °  (Xg  being  the  geocentric  longitude)  and  the  apex 
direction  in  the  Davies  distribution  have  set  over  the  link. 
Thus  most  of  the  sporadic  meteoric  activity  over  the  link  at 
noon  can  be  attributed  to  radiants  centred  at  Xg  =  65  °.  Even 
this  single  prong  of  the  Davies  distribution  sets  over  the  link  at 
1800  LT,  panel  (III),  and  we  find  scant  evidence  of  meteor 
scatter.  What  little  activity  there  is  results  from  the  very  low 


constant  intensity  of  radiants  specified  in  the  non-uniform 
radiant  distribution  in  this  local  time  sector. 

Not  shown  are  pictures  leading  up  to  1800  LT  where  the  only 
signs  of  meteoric  activity  are  located  in  ever  diminishing 
hotspots  near  overhead  of  the  receiver.  The  spatial  extent  of 
the  link  ensures  that  the  receiver  end  of  the  link  is  able  to 
retain  'sight'  of  the  Xg  =  65°  leg  of  the  Davies  distribution 
even  though  it  may  have  set  over  the  transmitter.  The  situation 
is  reversed  once  local  dusk  has  been  crossed  whereby  the 
hotspot  over  the  transmitter  increases  in  strength  at  a  faster 
rate  than  that  over  the  receiver.  Turning  to  panel  (IV)  (local 
midnight),  the  last  snapshot  in  this  time  series,  we  notice  the 
overall  increase  in  the  probability  of  meteor  scatter  southward 
of  the  great  circle  with  a  small  pronounced  hotspot  over  the 
transmitter.  It  is  clear  that  the  concentrations  of  meteoric  flux 
at  Xg  =  0°  and  Ag  =  295°  are  beginning  to  rise  over  the  link. 

The  sequence  of  these  four  snapshots  has  allowed  the  user  to 
follow  the  time  evolution  of  major  regions  of  meteor  scatter. 
Carried  out  at  shortened  time  intervals  the  process  would  have 
revealed  detailed  passage  of  the  hotspot  regions  across  the 
sky.  It  is  the  monitoring  of  these  regions  that  is  critical  to  the 
design  of  Improved  meteor  scatter  communication  systems. 

6.0  Verification  of  model  against  experimental  data 

In  the  context  of  this  paper  detailed  knowledge  about  the 
location  of  the  hotspots  is  most  important  since  if  it  can  be 
achieved  it  would  be  possible  to  preferentially  illuminate  such 
regions  with  increased  gain  and,  hence  provide  improved 
system  performance.  Complete  verification  of  the  model 
requires  a  wide  range  of  experimental  links  distributed  in 
geographic  area,  orientation  and  operating  for  substantial 
periods. 

The  model  was  first  verified  using  data  from  the  Pershore- 
Wick  link  with  the  reception  4-element  array  spacing  at 
~0.625X.  The  data  set  consisted  of  three  contiguous  periods 
totalling  approximately  187  hours  or  nearly  eight  days  which 
were  post-processed.  We  focus  on  a  sub-set  lasting  24  hours  to 
show  the  diurnal  variation  in  the  arrival  distribution  of 
meteors. 

It  is  not  possible  to  resolve  either  azimuth  or  elevation  angle 
of  an  incoming  meteor  trail  with  a  simple  one  dimensional 
linear  array.  Rather,  it  is  the  phase  difference  'F  = 
2jt(djX)sin(|)cosA,  where  (])  is  the  azimuth  angle,  A  is  the 
elevation  angle  and  d  is  the  array  inter-element  spacing, 
between  consecutive  elements  of  the  array  that  can  be 
measured.  In  order  to  validate  our  model  we  consequently 
compared  observed  values  of  the  phase  difference  with  model 
predicted  values.  Data  from  the  link  were  transformed  to 
phase  differences  'P  in  the  following  manner. 

The  data  were  first  averaged  over  35  ms  (ten  3.5  ms  sample 
points)  and  then  searched  for  sub-sections  where  the  mean  of 
the  five  signals  exceeded  20  dB  SNR.  The  sub-sectioning 
process  was  halted  once  either  the  mean  signal  dropped  below 
20  dB  SNR  or  the  length  of  the  sub-section  exceeded  1000 
points.  A  further  more  complex  condition  for  termination  of 
the  sub-section  data  block  was  based  on  consideration  of  the 
arrival  of  a  second  trail  before  a  first  trail  had  finished 
decaying.  Changes  in  the  amplitude  and  phase  variation 
between  consecutive  35  ms  points  were  monitored  to  detect 
the  arrival  of  a  second  trail.  Two  parameters,  besides  the  start 
time,  were  used  to  characterise  the  sub-section  data  block. 
These  were  the  average  value  of  V  and  the  correlation  factor 
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R.  The  latter  determined  how  closely  the  amplitude  drop  off 
within  the  data  block  approximated  a  simple  underdense  trail 
exponential  decay.  Setting  R  to  a  high  acceptance  value 
provided  a  simple  method  of  filtering  out  the  majority  of  non- 
meteoric  (e.g.,  sporadic-E)  contaminant  signals.  The  less 
frequent  overdense  trails  were  also  filtered  by  this  process  but 
it  was  felt  that,  the  resulting  reduction  in  the  meteor  count, 
dominated  in  any  case  by  the  underdense  trails,  would  not 
unduly  affect  the  analysis. 


meteor  rate  at  dawn  and  dusk  respectively  owing  to  the  orbital 
motion  of  the  earth.  We  certainly  find  a  minimum  in  the 
meteor  rate  at  -1800  when  no  hotspots  of  any  significance  are 
present  over  the  link.  However,  the  situation  regarding  the 
time  of  maximum  meteoric  activity  is  less  clear  and  almost  no 
activity  is  observed  at  -0600  on  the  eastern  side.  Rather  than  a 
localised  morning  maximum,  the  meteoric  activity  seems  to 
maximise  at  a  fairly  constant  level  over  the  hours  0700  to 
0900. 


Figure  5  depicts  the  experimental  variation  of  Y  as  a  function 
of  local  time.  Individual  values  of  y  were  placed  into  bins  25° 
degrees  wide  whilst  the  associated  start  times  were  converted 
to  bins  half  an  hour  wide.  The  plot  is  composed  of  48  local 
time  bins  running  midnight  to  midnight  and  18  'T  bins 
spanning  the  range  ±225°.  Every  value  of  (T,  LT)  is 
associated  with  R  >  0.9,  i.e.  we  only  consider  trails  that  appear 
to  be  underdense  at  confidence  level  greater  than  90%.  It 
should  be  noted  that  the  figures  show  the  number  of  meteors 
that  arrived  within  a  certain  range  of  'P  over  an  interval  of  half 
an  hour  rather  than  the  integrated  trail  duration  which  is 
sensitive  to  a  small  number  of  long  lived  trails. 


Figure  5  exposes  the  limitations  of  the  standard  configuration 
of  single  Yagi  antennas  for  transmit  and  receive  purposes 
illuminating  a  common  volume  centred  at  the  midpoint.  The 
time  dependent  distribution  of  arrival  angles  clearly 
demonstrates  the  advantage  of  some  form  of  beam  forming, 
(e.g.  through  a  linear  array  of  N  elements),  especially  in  the 
afternoon  and  night  hours.  Uniform  illumination  either  side  of 
the  great  circle  is  likely  to  be  satisfactory  only  in  the  early 
morning.  Antenna  gain  at  other  times  could  be  employed  more 
usefully  by  preferentially  illuminating  a  smaller  volume.  At  its 
simplest,  just  two  changes  in  the  direction  of  a  high  gain  beam 
at  -0100  and  -0900  would  offer  considerable  advantage  over 
a  fixed  beam  system. 


0.0  10.0  20.0 
Meteor  Count/half  hour 

Fig.  5.  Observed  meteor  arrival  distribution. 

'P  is  zero  for  signals  originating  from  the  great  circle  path 
whatever  the  elevation  angle.  We  find  that  the  zero  phase 
difference  bins  are  generally  sparsely  populated  at  all  local 
times,  thus  confirming  our  expectations  that  the  great  circle  is 
a  region  almost  devoid  of  meteor  scatter. 

Bearing  in  mind  the  north-south  orientation  of  the  link,  trails 
with  positive(negative)  T*  have  arrived  east(west)  of  the  array 
normal.  It  is  difficult  to  be  more  precise  in  specifying  the 
direction  of  incoming  trails  as  all  elevation  angles  are  possible 
except  for  those  constrained  by  the  Yagi  antenna  vertical  polar 
diagram.  Despite  this  inability  to  resolve  the  ambiguity 
between  azimuth  and  elevation  angles,  the  asymmetric  nature 
of  Figure  5  does  provide  valuable  insight  into  the  diurnal 
variation  in  the  meteor  arrival  rate. 

Most  of  the  meteor  scatter  activity  at  midnight  is  centred  to 
the  west  of  the  array  normal  with  almost  no  activity  to  the 
east.  Meteor  trails  arrive  from  the  east  starting  at  -0200  and 
increase  in  number  reaching  a  constant  level  at  -0500  which  is 
sustained  almost  to  dusk.  The  western  hotspots  come  to  an 
abrupt  end  at  -1100  after  which  time  there  is  negligible 
activity  on  this  side  until  -1900.  A  common  expectation  of 
meteor  links  is  the  maximisation  and  minimisation  of  the 


The  model  was  executed  with  the  geographic  parameters  of 
the  Pershore-Wick  link  to  determine  how  closely  predicted 
values  of  'P  matched  those  observed  experimentally.  Four 
element  horizontally  polarised  Yagi  antennas  positioned  1  X 
above  the  ground  were  specified  at  both  link  ends  and 
polarisation  coupling  was  included.  The  meteor  arrival  rate 
was  computed  as  a  function  of  (x,  y,  z)  link  centred  co¬ 
ordinates  at  a  height  of  100  km  every  10  minutes  for  24  hours 
starting  at  2300(0000)  UT(BST).  Each  (x,  y,  z)  point  was 
transformed  to  equivalent  elevation  and  azimuth  angles  (A,(|)) 
from  which  the  phase  difference,  given  by  V  =  225sin<})cosA, 
as  would  be  measured  by  a  0.625X  array,  was  calculated.  In 
like  manner  to  the  experimental  data  the  phase  differences 
were  placed  into  one  of  18  bins  each  25°  wide  giving  a  range 
of  T  from  ±225°.  The  T  bin  values  of  three  10  minutes  model 
predictions  were  integrated  to  provide  half  hourly  'P  values  to 
facilitate  comparison  with  Figure  5. 

Figure  6  depicts  the  predicted  half  hourly  values  of  T'  for  the 
Pershore-Wick  link.  It  is  fortuitous  that  the  absolute  binned 
values  have  come  out  so  close  to  the  observed  values  as  no 
effort  was  made  to  scale  the  predicted  values  in  any  way.  The 
predicted  values  are  highly  dependent  on  the  chosen  link 
geometry  and  antenna  configuration.  Diurnal  changes  in  the 
values  of  '¥  are  more  important  than  the  absolute  values  in 
determining  the  validity  of  the  model. 

As  a  prerequisite  for  any  MSC  model,  the  great  circle  miming 
down  the  centre  of  Figure  6  duly  shows  up  as  a  region  of 
negligible  meteor  scatter.  Overall,  there  is  a  remarkable  degree 
of  similarity  between  the  two  plots  of  Figures  5  and  6 
regarding  both  the  position  and  time  of  the  hotspots.  The 
model  correctly  predicts  the  western  quadrant  as  the 
predominant  location  of  meteor  scatter  from  around  1800 
hours  onwards  followed  by  the  subsequent  switch  over  to  the 
eastern  quadrant  around  0100  hours.  There  are,  however, 
minor  differences  which  suggest  that  the  Davies  non-uniform 
radiant  distribution  as  currently  used  in  the  model  requires 
fine  tuning.  One  such  difference  is  the  temporal  extent  of  the 
afternoon  western  blackspot.  The  observed  blackout  of 
meteoric  activity  lasts  about  an  hour  or  so  longer  than  that 
predicted  and  there  is  no  longer  a  clean  minimum  of  activity 
around  dusk.  It  is  tempting  to  correct  such  timing  offsets  by 
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altering  the  longitudinal  positions  of  the  Xg  =  65°  and  Xg  = 
295°  legs  of  the  Davies  distribution.  But  the  day  to  day 
variability  in  'P  (not  shown  here  but  clearly  apparent  in  the  8 
days  of  available  data)  indicates  the  dangers  of  making  such 
empirical  changes  to  the  model  based  on  a  single  day  of  data. 
It  is  more  prudent  to  delay  these  modifications  until  the 
present  data  set  can  be  extended  to  at  least  match  the  sample 
size  of  the  Davies  [1957]  experiment  which  ran  for  one  day 
every  month  for  a  year  and  observed  2400  meteor  radiants  and 
included  more  long  term  effects  such  as  seasonal  variations  of 
the  meteor  arrival  rate.  Any  changes  to  the  Davies  distribution 
then  become  statistically  justifiable. 


0.0 


1  0.0 


20.0 


-200.0  0.0  200.0 
Phase  Difference/degrees 


0.0  10.0  20.0  30.0 

Meteor  Count/half  hour 


Fig.  6.  Predicted  meteor  arrival  distribution. 
7.0  Conclusions 


The  techniques  of  passive  beam  forming  with  and  without 
space  diversity  have  been  investigated  as  a  means  of 
increasing  the  signal  availability  of  meteor  scatter 
communications  systems.  A  4-element  Butler  matrix  was 
implemented  using  a  DSP  approach  to  synthesise  four  beams 
in  fixed  azimuthal  'look'  directions.  The  signal  availability 
improvement  factor  of  the  Butler  matrix  relative  to  a  single 
antenna  system  ranged  between  1.6- 1.8  in  a  300  Hz  bandwidth 
over  the  SNR  interval  20-30  dB.  Beyond  SNR>30  dB,  the 
improvement  increased  with  increasing  SNR  threshold  rising 
to  a  value  of  >5  at  40  dB.  It  was  shown  that  the  signal 
availability  could  be  further  increased  by  10%-20%  by 
employing  two  overlapping  4-element  Butler  matrices  in 
parallel.  Extension  of  the  overlapping  Butler  matrix  system  to 
include  space  diversity  resulted  in  only  a  minor  improvement 
in  signal  availability. 

The  performance  of  a  real-time  radio  direction  finding  based 
adaptive  beam  forming  scheme  was  compared  with  the  Butler 
matrix.  It  was  found  to  be  superior  only  at  high  SNR  (>33  dB 
in  a  300  Hz  bandwidth)  where  the  direction  of  the  incoming 
signal  can  be  accurately  determined.  The  simpler  Butler 
matrix  was  more  effective  in  a  high  noise  environment. 

The  predicted  diurnal  variation  of  the  arrival  distribution  of 
underdense  trails  with  our  representation  of  the  non-uniform 
radiant  distribution  has  yielded  encouraging  results  and  gives 
impetus  to  our  speculation  that  a  computer  controlled  adaptive 
beam  forming  system  is  a  viable  proposition  for  improving 
MSC  systems. 
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DISCUSSION 


Discusser’s  name:  R.  Bauman 


Question/Comment: 


1 .  Can  the  presenters  comment  on  the  following  reasoning  regarding  the  concern  about  multipath 
in  the  meteor  scatter  channel;  fading  aoccurs  in  approximately  26-30%  of  meteor  trails.  When 
fading  occurs,  it  tends  to  occur  towards  the  end  of  the  trail,  i.e.  the  last  20-30%.  Therefore, 
concern  about  multipath  in  MB  channels  would  appear  to  be  a  concern  about  a  phenomenon  that 
occurs  approximately  4%  -  9%  of  the  time.  Does  this  justify  complicating  the  MB  system  with 
multipath  and  robust  techniques? 

2.  Do  the  presenters  see  user  need  or  demand  for  MB  communication  that  might  in  some  way 
drive  their  research? 


Author/Presenter’s  Reply: 

1 .  The  participants  who  took  part  in  the  discussion  following  this  question  agreed  with  the  thrust 
of  the  comments  that  preceded  the  question,  and  generally  felt  that  the  added  complexity  (and, 
hence,  cost)  associated  with  providing  robust  techniques  to  mitigate  such  multipath  effects  in  MB 
systems  was  not  warranted. 

2.  The  discussion  following  this  question  did  not  indicate  that  there  was  strong  “user”  demand  for 
MB  communication  systems  at  this  time,  but  that  perhaps  some  “potential  users”  might  not  be 
fully  aware  of  some  of  the  attractive  features  of  MB  systems,  such  as  low-probability-of-intercept, 
anti-jam,  low  power,  transportability  and  relatively  low  cost. 
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Summary 

More  and  more  computations  of  coverage  areas  of 
a  transmitter  are  now  deterministic,  as  opposed  to 
the  empirical  or  semi-empirical  methods  that  don’t 
give  the  precision  nowadays  needed.  The  determin¬ 
istic  methods  mostly  use  direct,  specular  reflected 
and  diffracted  rays. 

It  has  been  shown  recently,  that  specially  for  in¬ 
door  propagation,  the  diffuse  reflection  cannot  be 
neglected.  Diffuse  reflection  is  caused  by  the  rough¬ 
ness  of  the  terrain  and  can  occur  outside  the  inci¬ 
dence  plane.  Formulas  treating  this  subject  can  be 
found  in  Beckmann  [1]  . 

In  a  digital  terrain  model,  triangles  can  be  used  to 
accurately  describe  the  environment.  Therefore  the 
classical  formulas  for  diffuse  reflection  have  to  be 
adapted  to  make  the  use  of  triangles  possible.  Some 
mathematical  problems  that  arise,  caused  by  the  di¬ 
vision  of  the  rectangle  in  two  triangles,  with  two 
different  center  points,  are  discussed  in  this  paper. 
As  diffuse  reflection  is  caused  by  the  roughness  of 
the  terrain,  this  is  an  important  parameter.  This 
roughness  is,  just  as  the  specular  reflection  coeffi¬ 
cient,  determined  by  the  sort  of  terrain  that  reflects. 
Research  has  still  to  be  conducted  on  the  determi¬ 
nation  of  this  parameter,  as  well  as  on  the  optimal 
distribution. 

Finally  this  model  is  used  in  a  program  for  comput¬ 
ing  the  coverage  area  optical.  It  is  especially  useful 
in  cases  where  the  digital  terrain  model  has  a  reso¬ 
lution  of  a  few  \'s  and  when  computer  time  is  not 
unlimited. 


‘National  Fund  for  Scientific  Research  (NFWO) ,  Belgium. 


1  Introduction 

With  the  growing  use  of  terrestrial  wireless  commu¬ 
nications  for  different  purposes:  cellular  telephones, 
military  telecomsystems,  . . . ,  there  is  more  than 
ever  need  for  an  accurate  description  of  the  cover¬ 
age  area  of  a  transmitter.  Problems  as  absence  of 
signal  in  certain  areas,  blocked  by  hills  for  example, 
and  interference  of  an  other  base  station,  can 
occur.  The  empirical  or  semi-empirical  methods 
of  Okomura-Hata  and  of  Ibrahim&Parsons  [2] 
no  longer  give  the  precision  needed.  Therefore 
deterministic  models  are  necessary. 

Most  deterministic  models  only  take  into  account 
the  direct,  specular  and  diffracted  rays.  Diffuse 
reflections  can  give  important  contributions  to  the 
total  field  [3].  This  method  of  diffuse  reflection  has 
the  advantage  that  the  accuracy  can  be  enhanced 
while  still  working  with  the  existing  resolutions 
of  most  digital  terrain  models.  In  Belgium,  for 
example,  the  resolution  of  the  digital  terrain  model 
provided  by  the  NGI  (National  Geographical 
Institute)  is  2”  in  latitude  and  1”  in  longitude. 
This  gives,  knowing  that  Belgium  lies  at  around  50 
degrees  latitude,  a  resolution  of  30,8  m  in  north- 
south  direction  and  38.8  m  in  east-west  direction. 
So  this  method  does  not  need  costly  measurements 
of  the  terrain.  The  amount  of  computer  time  is  off 
course  more  than  the  empirical  formulas  but  it  is 
much  less  than  would  be  needed  if  a  resolution  of 
0.1  A  would  be  taken  to  compute  the  coverage  area 
only  using  specular  reflections.  This  resolution  is  a 
minimum  if  a  total  precise  solution  is  wanted  with 
only  specular  reflection. 

In  this  article  we  look  at  we  have  to  do  to  adjust 
the  formulas  of  diffuse  reflection  to  be  usable  with 


Paper  presented  at  the  AGARD  SPP  Symposium  on  "Digital  Communications  Systems:  Propagation  Effects, 
Technical  Solutions,  Systems  Design”,  held  in  Athens,  Greece,  18-21  September  1995  and  published  in  CP-574. 


45-2 


a  digital  terrain  model.  In  section  two  the  theory  of 
diffuse  reflection  is  briefly  explained.  The  changes 
that  have  to  be  made  to  the  formulas  are  described 
in  section  three.  The  next  section  deals  with  the 
mathematical  problems  that  can  arise  when  using 
the  formulas  for  the  triangles.  The  parameters 
influencing  the  diffuse  reflection  depend  on  the 
kind  of  terrain  used.  In  section  six  conclusions  and 
remarks  are  given. 


2  Diffuse  reflections 

Apart  from  the  direct  ray  and  the  specular  ray,  there 
also  exists  a  contribution  to  the  total  field  by  diffuse 
reflection.  Here  the  reflection  between  two  points 
does  not  take  place  in  the  specular  reflection  point, 
but  can  occur  at  any  point  of  the  terrain  (see  figure 
1),  as  long  as  there  is  a  line-of-sight  . 


z 


Seen  from  another  viewpoint,  with  a  fixed  trans¬ 
mitter  and  reflection  point,  this  means  that  all  the 
points  receive  some  reflection,  and  only  the  point 
that  lies  in  the  plane  of  incidence  and  whose  in¬ 
cidence  angle  equals  the  reflected  angle,  receives 
the  specular  reflection,  attenuated  due  to  the  non¬ 
flatness  of  the  surface.  It  is  easily  concluded  from 
this  viewpoint  that  specular  reflection  is  nothing 
else  than  a  special  case  of  diffuse  reflection.  There¬ 
fore,  the  theory  of  diffuse  reflection  must  equal  the 
theory  of  specular  reflection  at  this  point.  This  sub¬ 
ject  will  be  discussed  later  on. 

Now,  the  theory  of  diffuse  reflection  [1]  will  be 
briefly  summarized. 

Let  El  and  E2  respectively  be  the  incident  and  scat¬ 
tered  field,  with  wave  vectors  ki  and  k2  respectively. 
For  simplicity  reasons,  we  take  only  a  horizontal  or 
vertical  polarization.  These  polarizations  are  de¬ 
fined  with  the  incidence  plane  (for  Ei)  and  the  scat¬ 
tering  plane  (for  E2)  as  references.  This  means  that 
E  is  horizontally  polarized  when  normal  on  the  ref¬ 
erence  plane  and  vertically  polarized  when  in  the 
reference  plane. 


Let  the  rough  surface  be  given  by 

z-C{^,y)  (1) 

Then,  with  P  the  observation  point  and  R’  the  dis¬ 
tance  from  P  to  a  point  (x,y,C(x,y))  on  the  surface 
S,  the  scattered  field  is  given  by  the  Helmholtz  in¬ 
tegral: 


and  ^  is  the  free  space  Green’s  function: 


^  = 


eJk.R' 

R' 


(3) 


Now  a  few  approximations  are  made.  The  distance 
R’  is  moved  to  infinity  :  R'  —>■  00  and  the  radins 
of  curvature  of  the  irregularities  is  considered  to  be 
small  in  comparison  with  the  wavelength,  so  that 
the  field  on  any  point  of  the  surface  can  be  approx¬ 
imated  by  the  field  that  would  be  on  the  tangent 
plane  at  that  point. 

The  first  approximation  allows  to  assume  that  the 
distance  to  the  observation  point  can  be  replaced 
by  the  distance  to  a  reference  point  Ro-  The  second 
approximation,  only  valid  if  the  surface  does  not  in¬ 
clude  sharp  edges  or  sharp  points,  gives  the  classical 
equations  for  the  fields  at  an  infinite  boundary  with 
reflection  coefficient  R: 


iE)s  =  il  +  R)Ei  (4) 

dE 

{^)s^(l-R)Eiki^n  (5) 

Now  we  can  substitute  these  equations  into  the 
Helmholtz  integral,  see  equation  2. 

j^-jkRo  rr 

E2iP)^^-^^jJ^{Ru-p)e^‘'-^-ndS  (6) 

with: 

V  =  k2-ki  (7) 

p  —  k2  +  ki  (8) 

With  all  these  equations,  we  are  able  to  compute  the 
scattered  field  at  every  point.  In  [1],  this  is  done  for 
a  rectangle.  An  extra  supposition  is  added,  namely 
the  length  and  width  of  the  rectangle  have  to  be 
considerably  larger  than  the  wavelength. 

Finally  this  yields,  with  the  configuration  as  in  fig¬ 
ure  1  the  next  equation,  where  v  is  perpendicular 
to  p  (  |fci|  =  1A;2|  ). 
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mp)  = 


2'kRq 

1  +  cos  6\  cos  B‘2  —  sin  di  sin  62  cos  ^3 
cos  +  cos  02 


e^^'^dxdyEi 


(9) 


Now  if  we  assume  that  C,{x,y)  is  a  random  vari¬ 
able,  then  the  remaining  integral  in  equation  9  is 
the  characteristic  function  of  the  probability  den¬ 
sity  function. 

For  a  rectangular  surface  with  a  Gaussian  probabil¬ 
ity  density  function,  we  get: 


E2[P) 


-j2kXYe~P^^°  ^ 

■ 

1  -f  cos  61  cos  62  —  sin  0i  sin  62  cos  ds 
cos  di  -f  cos  92 

sinc[k(sin0i  -  sin  02  cos  03)X]. 
sinc[k(—  sin  02  sin  03) Y]. 


g-5l7^(C0Sfli-|-C0Sfl2)“^^ 


(10) 


with  sine  = 

X 


A  few  remarks  can  be  made  about  this  equation. 

In  the  first  factor  you  can  see  that  the  field  in  P 
is  proportional  to  where  Ro  is  the  distance 

from  the  reference  point  to  the  observer  and  not 
of  the  observer  and  transmitter  like  in  the  specu¬ 
lar  case.  But  it’s  also  obvious  from  this  factor  that 
the  received  field  at  P  is  proportional  to  the  surface 
considered,  that  equals  AXY.  Great  care  must  be 
taken  when  adding  those  fields  to  the  direct  field  of 
the  transmitter. 

The  fact  that  the  integral  is  proportional  to  the  sur¬ 
face  is  very  important  if  comparisons  are  to  be  made 
with  the  specular  reflection.  This  specular  reflec¬ 
tion  just  uses  an  infinite  surface,  while  in  equation 
10  only  a  small  piece  of  the  surface  is  considered. 
The  R  factor  accounts  for  the  reflection  coefficient. 
Given  that  E  is  horizontally  or  vertically  polarized, 
this  coefficient  can  be  computed  if  the  material  of 
the  surface,  e.g.  grass,  wood,  etc.,  and  the  angle 
of  incidence  are  known.  Only  at  higher  frequencies, 
above  20  GHz,  the  properties  are  not  yet  well  been 
documented. 

The  third  factor  is  a  factor  that  is  responsible  for 
the  geometry  in  the  case  considered.  The  sine  fac¬ 
tors  originate  from  the  rectangle.  The  exponential 
factor  is  caused  by  the  surface  that  has  a  certain 
Gaussian  distribution  of  the  heights. 


3  Diffuse  reflection  for  a  digi¬ 
tal  terrain  model 

A  digital  terrain  model  is  a  database  that  contains 
the  heights  of  several  points.  These  points  have 
a  fixed  spacing  ,  for  example  1  second  in  latitude 
and  1  second  in  longitude.  Off  course  this  is  not 
a  fixed  distance  on  a  large  (world)  scale,  due  to 
the  curvature  of  the  earth,  but  in  an  area  of  about 
20km  X  20km  considered  here,  this  will  not  make  a 
great  difference. 

4  points,  that  form  a  rectangle  in  longitude  and 
latitude,  are  rarely  in  one  plane.  To  describe  the 
terrain  without  extra  effort  in  a  smoother  way,  we 
divide  the  terrain  into  triangles.  The  criterion  we 
used,  was: 

If  (z2  —  2I)  *  (z3  —  z\)  >  0  the  rectangle  is  divided 
by  the  line  23.  Else  by  14. 

The  principle  is,  if  z3  and  z2  are  both  higher  or 
lower  than  zl,  then  1  leads  either  to  a  mountain  or 
a  valley.  Therefore  we  use  the  line  23  to  divide  the 
rectangle  and  to  follow  the  terrain  more  closely,  see 
figures  2  and  3. 


(z2  —  zl)  *  (z3  —  zl)  >  0 


Figure  3:  Division  of  rectangle  when 

(z2  —  zl)  *  (z3  —  ^1)  <  0 
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This  also  means  that  the  formula  for  diffuse  reflec¬ 
tion  has  to  be  adjusted.  We  have  to  find  an  analyt¬ 
ical  expression  for  the  integral  in  equation  6.  This 
integral  is  now  over  a  surface  in  the  form  of  a  tri¬ 
angle  that  is  not  horizontal,  requiring  a  coordinate 
transformation.  To  denote  this  we  have  used  the 
subscript  0. 

This  leads  to; 


E2{P)  = 


je 


-jhRo 


AttRo 


I'O 


vq  ■  no 


j  j 


(11) 


valid  for  all  orientations  of  the  triangles,  including 
perpendicular  to  the  horizontal  XY-plane.  Because 
we  have  2  triangles  and  2  possible  division  of  the 
rectangle,  there  are  4  formulas  to  be  derived.  Also 
when  these  integrals  are  used  in  a  computer  pro¬ 
gram,  it  is  important  for  the  accuracy  that  a  differ¬ 
ence  is  made  when  \vx  \  is  greater  than  |i/y|  and  vice 
versa.  So  a  total  of  8  integrals  has  to  be  computed. 
Take  for  example  \vx\  <  \i^y\  then  the  integral  for 
triangle  123  is: 


I  = 


+J=2 


sinc(z/x 


D 


12, 


y  2  sine 


+  (12) 


with  Dis  —  distance  between  pointslSzS 
with  Di2  =  distance  between  pointslh2 

And  the  integral  for  triangle  234  is: 


J^y 

r  ■  ,  D34  ,  D24, 

[e^  y  2  smc{v^— +  iyy—) - 
e^'‘^i'5'^sinc(i/x5^)] 


(13) 


If  the  two  triangles  are  in  the  same  plane,  the 
sum  of  these  2  integrals  yields  back  the  original 
sinc-factors  of  equation  10.  Again  the  assumption 
is  made  that  the  horizontal  and  vertical  distances 
are  a  lot  greater  than  the  wavelength. 


4  Calculation  of  a  diffuse  re¬ 
flection 

The  calculation  of  the  field  diffusely  reflected  by  a 
rectangle  or  two  triangles  in  one  plane  consist  of 


different  steps  we  have  to  take.  Let  T  be  the  trans¬ 
mitter,  R  the  receiver  and  1,2, 3,4  the  corner  points 
of  the  rectangle  (see  figure  4). 


3 .  4 


Figure  4:  Configuration  of  diffuse  reflection. 

Firstly  we  have  to  determine  the  field  strength  of 
the  antenna  in  the  direction  of  the  reference  (step  a 
—  see  figure  5) .  For  the  moment  we  only  use  verti¬ 
cal  or  horizontal  dipoles,  allowing  to  simulate  most 
kinds  of  antennas.  Then  the  distance  from  T  to  the 
reflection  point  is  calculated  and  used  to  determine 
the  field  at  the  surface  (b).  Giiven  the  direction  of 
the  incident  and  reflected  wave,  the  different  vectors 
of  horizontal  and  vertical  polarization,  respectively 
El  and  Ep ,  can  be  calculated  both  before  and  after 
reflection  (c).  Then  the  adjusted  reflection  coef¬ 
ficient  taken  into  account  diffuse  reflection  (cl)  for 
horizontal  and  vertical  polarization  must  be  multi¬ 
plied  with  the  corresponding  field.  Next  the  dis¬ 
tance  from  the  reflection  point  to  R  is  determined 
and  used  to  calculate  the  attenuation  (e).  At  last 
the  polarization  of  the  receiving  antenna  gives  the 
received  signal  strength  (f). 


Figure  5:  Different  components  to  calculate  the  dif¬ 
fuse  reflection 

With  the  formulas  for  the  diffuse  reflection  of  a  rect¬ 
angle,  this  is  easily  done. But  with  the  triangle  for¬ 
mulas,  there  are  some  difficulties. 

First  of  all,  because  you  mostly  have  two  different 
planes  you  must  compute  twice  those  vectors  el  and 
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gp.  One  has  to  be  careful  to  use  the  correct  sign 
for  the  fields,  in  order  to  avoid  cancelation  of  the 
fields  of  the  2  triangles  by  each  other.  This  has 
been  done  by  checking  whether  the  internal  prod¬ 
uct  of  the  unity  vectors  gp  before  and  after  reflection 
is  not  negative.  So  we  ensure  that  the  vector  after 
reflection  lies  in  the  same  half  plane  as  the  vector 
before  reflection.  The  second  problem  has  really  to 
do  with  the  formulas  of  the  triangles.  When  you 
divide  the  rectangle  in  two  triangles,  then  you  have 
two  barycenters  of  the  triangles  that  you  would  use 
to  compute  the  distance  to  T  and  R.  Let  these  dis¬ 
tances  be  Dtbx  (x  equals  I  or  II)  and  Dbrx  respec¬ 
tively  and  let  the  distance  from  T,  R  to  the  middle 
point  of  the  rectangle  be  Dtm,  Dmr  respectively  (see 
figure  6). 


Figure  6:  Definition  of  different  distances. 

Now  if  we  use  the  distances  to  the  barycenters  of 
the  triangles  (Dtbx  and  Dbrx),  then  the  solution 
is  not  the  one  that  we  get  with  the  equation  for  a 
rectangle. 

We  use  a  rectangle  that  lies  in  a  plane.  So  the  2 
triangles  are  situated  in  the  same  plane.  We  do 
not  have  to  rotate  our  coordinate  system,  we  only 
move  the  center  point  of  the  coordinate  system  to 
the  barycenters.  We  have  taken  Dtm  and  Dmr  to 
be  both  100  m,  and  the  sides  of  the  rectangle  to 
be  both  10  m.  The  zenith  angle  of  the  incident  ray 
is  60  degrees  and  the  frequency  used  is  417  MHz. 
This  gives  a  wavelength  of  0,72  m.  This  is  more 
than  ten  times  smaller  than  the  length  or  width  of 
the  rectangle  that  are  both  10  m.  So  this  satisfies 
the  supposition  made  to  get  equations  12  and  13, 
but  it  is  smaller  than  the  far-field  distance  2D^/A, 
In  the  figures  7  and  8,  the  full  line  is  the  normal 
rectangle  solution.  The  trace  made  by  the  ’-f’  is 
made  by  moving  the  center  of  the  coordinate  system 
to  the  center  point  of  the  rectangle  .  The  ’o’  gives 
the  trace  for  the  two  barycenters  in  the  triangle. 
Also  the  total  diffusely  reflected  power  can  be  com¬ 
puted  and  compared  with  the  power  that  reflects 


Figure  7:  Magnitude  of  fields  with  different  calcula¬ 
tion  methods. 


Figure  8:  Phase  of  fields  with  different  calculation 
methods. 


from  the  rectangle.  If  the  rectangle  is  completely 
reflecting  then  this  power  is  also  equal  to  the  inci¬ 
dent  power.  In  our  configuration  the  power  equals 
7.51£^—  3  W  with  the  rectangular  equation.  With 
the  method  of  using  the  center  point  of  the  rectan¬ 
gle,  this  is  7.615E  —  3  W.  On  the  other  hand,  when 
using  the  barycenters  we  get  7.623£'  —  3  W  .  This 
gives  a  slight  difference  of  0.1%  between  the  solu¬ 
tions  using  the  triangles. 

This  difference  becomes  more  and  more  apparent 
with  smaller  distances  Dtm  and  Dmr.  When  the 
axes  are  moved  over  a  distance  (Aj,  Y,),  then  the 
integral  in  equation  (11)  gets  an  extra  factor,  equal 
to  .  When  summed  over  the  2  triangles 

this  gives  a  difference.  Also  the  total  phase  factors 
are  different.  Because  we  are  talking  about  phases 
small  differences  can  be  significant.  These  phase 
factors  are  for  the  center  point  method  {ipl)  and 
for  the  barycenter  method  (^r  with  x  equal  to  I  or 
II)  equal  to: 


xjjl  =  —fi{Dtm  -f  Dmr) 


(14) 


45-6 


ipx  —  -0{Dthx  +  Dbrx)  +  +  i/yy, 

=  -j3{Dtbx  +  Dbrx)  +  {k2x  -  ku)x, 
kiy)ys 

and  these  2  factors  have  a  second  order  difference. 
To  correct  for  this,  formulas  12  and  13  can  be  re¬ 
placed  by  formulas  containing  Fresnel  Integrals. 

5  Parameters  concerning  the 
diffuse  reflection 

There  are  several  points  that  influence  the  calcu¬ 
lations  of  the  diffuse  reflection.  We  will  discuss 
successively  the  width  and  length  of  the  rectangle, 
the  heights  of  the  corner  points  of  the  rectangle  and 
the  different  parameters  for  the  different  surfaces. 
Firstly,  the  resolution  of  the  digital  terrain  model 
plays  an  important  role.  As  can  be  seen  from  the 
assumptions  made  to  derive  the  equations  12  and 
13,  this  resolution  is  linked  to  a  minimal  frequency 
that  can  be  calculated  accurately.  On  the  other 
hand,  it  is  also  the  case  that  when  you  use  higher 
frequencies  the  digital  terrain  model  must  have 
higher  resolution,  otherwise  you  could  miss  some 
important  features  of  the  terrain  [4] .  Also  you  can 
get  into  trouble  with  the  distance  between  the  two 
triangles  becoming  to  great,  so  that  the  direction 
of  the  vectors  and  ei  becomes  opposite. 


A  second  parameter  that  is  monitored  by  the  digital 
terrain  model,  are  the  heights  of  the  corner  points. 
It  usually  happens  that  the  rectangle  does  not  lie 
in  one  plane.  Take  for  example  the  configuration  of 
figure  9.  One  corner  point  has  a  height  of  3,64  m  so 


that  the  angle  in  X  and  Y  direction  is  20‘’. 

With  this  configuration  we  can  expect  two  areas  of 
high  reflection,  one  from  the  flat  triangle  in  the  0® 
azimuth,  and  one  that  will  be  turned  in  azimuth 
direction  (fig.  10). 


cos(azimuth)sin(zeni#i) 


Figure  10:  Magnitude  of  the  fields  in  the  configura¬ 
tion  of  figure  9 

The  different  strength  of  the  peaks  can  be  explained 
by  the  fact  that  the  the  triangle  that  is  not  in  the 
XY-plane,  has  a  very  low  contribution  to  the  0° 
azimuth  direction.  So  the  heights  are  a  very  im¬ 
portant  parameter  to  influence  the  outcome  of  the 
model.  Normally  these  heights  are  given  in  one  or 
the  other  digital  terrain  model.  It  may  be  possible 
in  future  also  to  use  GIS  (Geographic  Information 
Systems)  to  take  into  account  significant  buildings 
or  big  squares  in  towns. 

A  third  factor  that  directly  influences  the  diffuse 
reflections,  are  the  different  parameters  concerning 
the  type  of  surface  we  are  dealing  with.  There 
is  the  reflection  coefficient  that  already  has  been 
studied  well.  So  most  of  the  different  terrain  types 
can  easily  be  linked  to  some  value  of  the  reflection 
coefficient  for  horizontal  and  vertical  polarization. 
These  coeflRcients  depend  on  the  incidence  angle. 
Another  parameter  that  depends  on  the  sort  of 
the  terrain  that  is  reflecting,  is  the  statistical 
distribution  and  the  roughness  of  the  terrain,  in 
equation  10  expressed  by  a.  This  means  that  this 
roughness  is  equal  to  the  standard  deviation  for  this 
case.  Because  there  are  not  yet  many  publications 
on  this  subject,  and  mostly  only  backscattering  is 
considered,  this  is  an  interesting  field  for  further 
research.  From  the  few  publications  (  [5],  [6]) 
that  are  available,  you  can  get  some  experimen¬ 
tal  data  about  roughness  for  grass  plains  and  woods. 
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Figure  11:  Magnitude  of  the  field  with  a  —  4cm 
(straight  line)  and  c  =  15cm  (dashed  line) 

In  figure  1 1  we  show  the  influence  of  this  parameter 
on  the  diffuse  reflection.  In  the  first  case  the 
roughness  is  4  cm  (  the  straight  line)  and  in  the 
other  case  10  cm  (  the  dashed  line  ).  Again  we 
use  a  2-dimensional  plot:  the  rectangle  lies  in  a 
plane  and  in  the  figure  only  the  incidence  plane  is 
plotted. 

The  most  dominant  effect  is  a  diminishing  of  the 
field  with  greater  roughness.  This  is  explained 
by  the  negative  interference  of  the  waves  reflected 
by  different  parts  of  the  surface,  mathematically 
expressed  by  the  exponential  factor  in  equation  10. 
A  second  remarkable  point  is  the  shift  towards 
higher  zenith  angles.  This  is  caused  by  the  factor 
Uz  in  the  exponent  of  equation  1 1 . 


6  Conclusions  and  Remarks 

In  this  article,  we  have  shown  that  the  theory  of 
diffuse  reflection  as  described  in  [1]  can  be  employed 
in  the  calculation  of  a  coverage  area.  It’s  therefore 
necessary  to  change  the  shape  of  the  area  considered 
from  a  rectangle  to  two  triangles.  In  that  case  one 
must  be  careful  for  a  few  mathematical  problems. 
This  diffuse  reflection  is  influenced  by  the  resolution 
of  the  digital  terrain  model,  by  the  heights  of  the 
corner  points  and  by  the  sort  of  terrain.  Especially 
in  this  last  fields  more  research  has  to  be  conducted. 
First  of  all  the  different  values  of  roughness  have 
to  be  established.  Therefore  it  will  be  necessary  to 
conduct  some  measurements.  Also  other  probability 


density  functions  than  Gaussian  can  be  considered, 
because  it’s  not  certain  that  this  function  reflects 
optimally  the  most  used  surfaces  experimentally. 
Finally  this  verified  model  can  then  be  used  in  a 
program  that  totally  computes  the  coverage  area  for 
indoor  communications.  This  method  is  useful  if  the 
resolution  of  the  surroundings  is  a  few  A.  It  allows 
to  reduce  the  very  high  amount  of  data  as  well  as 
computer  time  needed  if  a  total  deterministic  model 
with  a  resolution  of  0.1  A  would  be  used. 
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1  Summary 

The  frequency  planning  of  the  VHF  and  UHF  broad¬ 
casts  in  Turkey  is  described.  This  planning  is  done 
with  the  aid  of  computer  databases  and  digital  ter¬ 
rain  map.  The  frequency  offset  is  applied  whenever 
applicable  to  increase  the  channel  capacity.  The  off¬ 
set  assignment  is  done  through  Simulated  Annealing 
algorithm.  The  international  rules  and  regulations 
concerning  Turkey  are  also  considered. 


2  Introduction 

The  introduction  of  terrestrial  VHF  and  UHF  broad¬ 
cast  is  not  new.  However,  especially  in  many  devel¬ 
oping  countries,  this  broadcast  has  been  under  the 
monopoly  of  the  government.  Only  recently,  the  pri¬ 
vate  broadcasting  became  a  reality,  even  though  in 
a  de  facto,  and  unorganized  manner  in  many  occa¬ 
sions.  This  brought  up  the  need  to  have  a  nation¬ 
wide  re-planning,  allocation,  and  management  of  the 
broadcast  frequencies.  The  pressure  from  the  public 
as  well  as  the  international  agreements  require  that 
the  planning  has  to  be  done  in  the  shortest  possible 
time  with  realistic  and  applicable  goals.  Therefore, 
an  integrated  approach  with  maximum  utilization  of 
computers  and  relevant  databases  has  to  be  followed. 

For  the  planning  of  Turkish  broadcast  spectrum,  we 
have  used  five  main  computer  tools  and  databases. 
The  first  one  is  a  propagation  simulation  software 
which  models  the  propagation  environment  and  cal¬ 
culates  the  attenuation  of  the  field  strength.  The  sec¬ 
ond  one  is  the  geographical  database  of  the  planning 
region.  This  includes  a  digital  terrain  map  of  the 
country.  The  third  is  the  demographical  database. 
The  forth  is  the  list  of  all  present  transmitters  and 
their  electronic  and  geographical  parameters.  The 
last  one  is  the  international  rules  and  agreements 
concerning  the  region.  All  of  these  tools  are  either 
acquired  or  produced  and  they  have  been  properly 
integrated  to  have  an  optimum  frequency  allocation. 

The  main  purpose  is  to  maximize  the  interference 
free  coverage  area  for  each  transmitter.  To  this  end, 
for  each  transmitter  propagation  simulation  studies 
are  obtained.  From  these  studies,  channel  assign¬ 
ment  can  be  done.  However,  a  better  option  is  to 
use  frequency  offsets  to  get  the  maximum  number  of 
available  channels.  This  is  done  using  a  Simulated 


Annealing  algorithm.  In  [1],  the  Simulated  Anneal¬ 
ing  algorithm  is  used  for  the  efficient  frequency  as¬ 
signment,  but  for  a  different  problem.  After  specify¬ 
ing  the  offsets,  channel  assignment  is  done  automat¬ 
ically  by  considering  international  agreements. 

In  addition  to  the  channel  assignment  plan,  the  pop¬ 
ulation  in  the  coverage  area  and  the  services  provided 
to  any  town  in  the  country  is  determined.  This  infor¬ 
mation  is  used  for  the  licencing  fees  to  be  charged  to 
■the  stations  and  also  for  the  classification  of  broad¬ 
casters  into  the  national,  regional,  or  local  categories. 


3  Tools  of  Planning 

The  necessary  ingredient  of  a  computer  aided  fre¬ 
quency  planning  is  the  prediction  of  field  strength 
variation  over  the  terrain  due  to  a  given  transmit¬ 
ter.  This  requires  a  propagation  simulation  software 
which  utilizes  the  topography  of  the  terrain.  For¬ 
tunately,  these  are  available  from  different  sources. 
The  next  step  is  to  decide  on  the  propagation  mod¬ 
els  to  be  used.  At  present,  quite  a  few  number  of 
different  propagation  models  are  available  and  the 
comparative  advantages  of  these  models  are  still  un¬ 
der  investigation  [2].  The  most  widely  known  models 
are  prepared  by  the  CCIR  of  ITU  and  FCC  of  US 
Government.  These  models  are  based  on  intensive 
experimental  measurements  in  the  VHF  and  UHF 
bands.  The  terrain  effect  on  the  propagation  is  in¬ 
cluded  in  these  models  only  statistically.  The  actual 
topografic  structure  may  cause  strong  reflections  and 
diffractions  which  can  also  be  added  to  these  mod¬ 
els.  For  the  coverage  area  studies,  we  have  accepted 
and  used  such  a  model  based  on  FCC  measurements 
and  augmented  by  reflection  and  diffraction  contri¬ 
butions  of  the  terrain.  As  is  well  known,  CCIR  at¬ 
tenuation  curves  begin  at  10  km.  away  from  the 
transmitter,  making  it  unsuitable  for  coverage  esti¬ 
mates.  We  have  made  some  measuments  in  Ankara 
and  in  Istanbul,  and  the  measured  field  strengths 
were  within  10  dB  of  the  computer  generated  data 
obtained  through  the  adopted  propagation  model. 

Around  the  transmitter,  we  can  define  an  area,  in 
which  the  field  strength  is  strong  enough  to  give  a 
satisfactory  grade  of  picture  quality.  We  can  call  this 
area  as  ‘‘the  coverage  area”.  Similarly,  “co-channel 
and  interference  areas”  are  defined  such  that  in  these 
areas  either  the  same  or  the  adjacent  channels  may 
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not  be  used  by  any  other  transmitter.  To  be  able  to 
transmit  the  same  or  adjacent  channels,  the  relevant 
protection  ratios  between  the  desired  and  undesired 
(interference)  field  strengths  have  to  be  satisfied. 

These  protection  ratios  are  listed  in  the  ITU  and 
EBU  publications.  A  sample  TV  coverage  area  con¬ 
tour  plot  is  given  in  Figure  1  for  a  TV  transmission 
station  in  the  VHF  band  in  Istanbul.  A  better  in¬ 
sight  is  gained  through  a  gray  scale  plotting  of  the 
field  strength  around  the  transmitter.  Figure  2  shows 
such  a  plot  for  the  same  station  around  Istanbul. 
Here  it  is  easier  to  identify  the  effect  of  the  topog¬ 
raphy  on  the  field  strength  distributions.  It  is  noted 
that  the  field  strength  values  are  calculated  over  ra¬ 
dial  lines  centered  at  the  transmitter  location.  This 
analysis  is  valid  when  the  reflection  and  diffractions 
from  the  vertical  discontinuities  are  small.  Fortu¬ 
nately,  most  natural  topographic  boundaries  are  not 
vertical  as  opposed  to  man  made  buildings.  So,  the 
limitation  to  radial  lines  (2-D)  is  expected  to  work 
well  especially  outside  highly  populated  urban  areas 
[3]. 

The  next  step  is  to  decide  the  transmitter  locations, 
transmitter  powers  and  antenna  characteristics.  In 
practice,  this  is  usually  done  by  the  demand  of  the 
public.  Therefore,  the  coverage  starts  from  densely 
to  sparsely  populated  areas.  The  same  logic  is  ap¬ 
plied  here  and  the  aim  is  set  to  cover  all  cities  and 
towns  over  a  threshold  population.  Also,  all  the 
information  about  the  transmitter  locations  of  the 
existing  broadcasters  are  collected  into  a  database, 
and  this  database  is  consulted  whenever  necessary 
for  the  proper  selection  of  the  transmitter  locations. 
Transmitter  powers  are  set  according  to  the  intended 
viewer  population.  Antenna  pattern  is  set  to  be  om¬ 
nidirectional  in  the  horizontal  plane  unless  otherwise 
specified. 


4  Processing  of  Study  Files 

After  the  specification  of  the  transmitter,  the  re¬ 
sults  of  electromagnetic  field  simulations  are  ob¬ 
tained  as  study  files,  which  contain  field  strengths 
as  dB  fiV/m,  over  radial  lines  centered  at  the  trans¬ 
mitting  locations.  For  TV  planning,  simulations  are 
performed  at  frequencies  that  are  chosen  as  represen¬ 
tatives  for  each  band.  Angular  and  radial  resolution 
of  these  study  files  vary  for  different  transmitting 
cites  depending  on  demographic  requirements.  Per¬ 
forming  the  electromagnetic  simulation  studies  with 
the  terrain  information  is  the  most  time  consuming 
part  of  the  planning. 

Observe  that  it  is  sufficient  to  obtain  these  study 
files  for  one  transmission  power  only.  For  powers 
other  than  the  simulated  value,  the  field  strengths 


are  easily  computed  as 

AF  =  AP  (1) 

where  AP,  and  AF  stand  for  dB  changes  in  the 
transmission  power  and  the  field  strengths,  respec¬ 
tively.  The  simulations  are  performed  using  omnidi¬ 
rectional  antennas,  and  angular  dependences  of  the 
emitted  RF  power  from  the  actual  planned  antennas 
are  easily  incorporated  similarly. 

In  storing  these  study  files,  field  strengths  at  the  sim¬ 
ulation  points  are  hardlimited  between  the  values  - 
128  and  127  dB,  and  quantized  to  integers,  so  that 
they  can  be  stored  in  byte  sized  variables.  The  large 
number  of  transmitter  cites  makes  such  a  data  reduc¬ 
tion  necessary.  Using  these  files,  the  field  strengths 
at  arbitrary  coordinates  are  obtained  by  interpola¬ 
tion. 

In  this  project  about  1000  TV  transmitting  cites  are 
planned,  whose  study  files  required  a  storage  space  of 
approximately  0.6  Gigabytes  after  such  a  reduction 
described  above. 


5  Interference  Graph 

The  nodes  on  the  interference  graph  G(a)  correspond 
to  transmitters  (transmitting  cites).  The  interfer¬ 
ence  graph  is  a  directional  graph.  Let  Fi(x)  denote 
the  field  strength  in  decibels  that  is  caused  by  the 
transmitter  at  the  world  coordinate  x.  An  edge  Eij 
from  node  i  to  node  j  is  introduced  if  transmitter  i 
interferes  with  transmitter  j.  So,  an  edge  Eij  indi¬ 
cates  that  there  exist  at  least  one  significant  point  x 
in  the  coverage  area  of  transmitter  such  that 

F;  (x)-ffi(a;)<  a  (2) 

where  a  is  the  protection  ratio.  Hence,  if  a  is  the 
co-channel  protection  ratio  and  in  the  interference 
graph  G{a)  there  is  an  edge  between  two  nodes,  the 
same  channel  should  not  be  used  on  these  two  nodes. 
Significance  of  a  world  coordinate  x  is  determined 
by  using  demographic  information  about  that  point, 
e.g.  the  population  around  that  point,  the  proximity 
of  that  point  to  a  road,  lake,  or  a  military  area  etc.. 
Mountain  tops  are  the  points  that  interference  occurs 
most  likely.  Fortunately,  they  usually  are  not  demo- 
graphically  critical.  The  interference  graph  is  gen¬ 
erated  for  various  protection  ratios  using  the  study 
files  and  a  demographic  database  of  Turkey. 

Repeating  the  same  channel  is  highly  desirable  for 
efficient  utilization  of  the  spectrum.  It  is  possible  to 
lower  the  co-channel  protection  ratio  and  reduce  the 
number  of  edges  in  the  interference  graph  by  using 
frequency  offset  between  transmitters.  For  practical 
reasons,  three  nonprecision  offset  values  (8M,  O,  8P) 
are  used.  If  different  offsets  can  be  assigned  to  two 
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different  transmitting  cites,  the  co-channel  protec-  hi)  Accept  the  new  configuration  with  the  probabil- 
tion  ratio  drops  by  12  dB.  ity  P  computed  as 


Using  the  study  files,  the  interference  graph  is  gen¬ 
erated  for  two  values  of  co-channel  protection  ratio 
ai,  a2,  corresponding  to  co-channel  protection  val¬ 
ues  with  and  without  offsets,  respectively.  Naturally 
ai  <  a2,  and,  if  there  exists  an  edge  Eij  in  G{a\) 
the  same  edge  exists  also  in  G(a2),  but  the  converse 
does  not  necessarily  hold.  Let  £  denote  the  set  of 
edges  that  exist  in  G(a2)  but  not  in  G(q;i).  After 
assigning  offsets  to  transmitters,  the  resultant  inter¬ 
ference  graph  Q  is  formed  by  adding  edges  Eij  G  £ 
to  G(ai)  under  the  condition  that  the  same  offset 
is  assigned  to  and  transmitters.  Let  M{G) 
define  the  total  number  of  edges  in  graph  G.  The 
offsets  must  be  assigned  such  that  M{G)  is  as  small 
as  possible.  There  are  also  some  constraints  in  as¬ 
signing  offsets  to  transmitters.  These  constraints  are 
determined  by  rights  and  restrictions  that  are  spec¬ 
ified  by  international  agreements  (Stockholm  1961) 
and  by  specifications  of  some  of  the  transmitters  that 
are  already  operational  in  Turkey. 

The  task  of  minimizing  M  (G)  under  the  above  men¬ 
tioned  constraints  by  assigning  offsets  to  transmit¬ 
ters  is  a  combinatorial  optimization  problem.  This 
problem  belongs  to  the  class  of  NP-complete  prob¬ 
lems  and  there  is  no  known  algorithm  that  can  find 
the  exact  minimizing  offset  combination  for  1000 
transmitters  in  a  reasonable  time.  Observe  that 
the  total  search  space  consists  of  combina¬ 

tions.  Simulated  Annealing  is  employed  for  finding 
acceptable  solutions  to  this  problem.  There  is  a  vast 
amount  of  literature  on  the  method  of  Simulated  An¬ 
nealing  [4],  so  we  suffice  to  present  its  application  to 
the  offset  assignment  problem. 


6  Offset  Assignment  by  Using 
Simulated  Annealing 


Initially,  a  random  offset  combination  which  complies 
with  the  constraints  is  generated  and  M(G)  is  eval¬ 
uated.  Then  the  following  steps  are  repeated  for  a 
gradually  decreasing  parameter  T'(temperature)  un¬ 
til  it  reaches  a  final  predetermined  value. 


P  = 


{ 


Lp(=^) 


if  AM(G)  <  0 
ifAM(^)  >  0. 


(4) 


The  above  algorithm  generates  a  sequence  of  config¬ 
urations  with  statistically  decreasing  costs. 

Observe  that  during  iterations  a  new  configuration  is 
immediately  accepted  if  it  decreases  the  cost,  other¬ 
wise  it  is  accepted  with  a  probability  that  decreases 
exponentially  by  an  increase  in  the  cost.  It  is  this 
nonzero  probability  that  enables  the  algorithm  to  es¬ 
cape  from  the  local  minima.  As  T  decreases,  it  be¬ 
comes  less  likely  for  the  algorithm  to  accept  a  con¬ 
figuration  that  increases  the  cost.  The  process  of 
decreasing  T  over  iterations  is  called  “cooling  sched¬ 
ule”  in  the  Simulated  anealing  terminology.  Decreas¬ 
ing  the  temperature  too  fast  may  give  rise  the  algo¬ 
rithm  to  be  stuck  at  a  local  minimum  that  is  too  far 
from  the  absolute  minimum.  The  algorithm  on  the 
other  hand  takes  a  long  time  if  the  temperature  is 
decreased  too  slowly. 

Various  methods  are  proposed  in  the  literature  for 
determining  the  initial  value  of  T  and  the  cooling 
schedule  [5] .  Simulated  Annealing  takes  a  reasonable 
amount  of  time  (a  few  minutes  compared  to  several 
hours  for  finding  G(a)  and  weeks  to  complete  the 
electromagnetic  simulations  in  a  Sparc  20).  Hence, 
the  easiest  way  of  determining  the  cooling  schedule 
and  the  initialvalue  of  T  is  trial  and  error,  and  moni¬ 
toring  the  value  of  the  cost  function  versus  T  over  the 
iterations.  The  algorithm  eventually  reaches  a  statis¬ 
tical  steady  state  if  the  iterations  are  performed  at  a 
fixed  T.  A  good  idea  is  to  decrease  the  temperature 
just  before  the  statistical  steady  state  is  reached.  If 
the  temperature  is  decreased  sufficiently  slowly  then 
the  final  cost  should  be  very  close  to  the  minimum 
cost  that  occurs  until  then,  and  different  runs  with 
the  same  cooling  schedule  should  result  in  very  close 
optimal  values  as  the  solution. 

The  final  (nearly  optimal)  offset  assignment  yields 
the  desired  interference  graph  with  minimal  number 
of  edges.  The  resultant  interference  graph  is  then 
passed  to  another  program  that  assigns  channels  to 
transmitting  cites. 


i)  Choose  a  transmitter  randomly  and  generate  a 
random  offset  value  for  that  transmitter  that 
complies  with  the  constraints. 

ii)  Compute  the  change  in  cost  function 

AM{G)  =  M(gnew)  -  M{Gold).  (3) 


7  Channel  Assignment  For 
Transmitters 

A  program  has  been  developed  for  channel  assign¬ 
ment  for  all  transmitters  in  a  network.  This  pro¬ 
gram  uses  three  different  kind  of  input  data.  One  of 
them  is  the  interference  graph.  The  second  type  of 
data  fed  to  the  program  is  a  list  of  forbidden  chan- 
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nels  for  each  transmitter.  Due  to  the  international 
agreements  like  Stockholm  1961  Plan,  some  chan¬ 
nels  cannot  be  used  in  the  transmitters  throughout 
the  border  area  of  a  country.  For  this  reason,  the 
program  assigns  channels  from  a  set  of  allowed  chan¬ 
nels  to  each  transmitter.  The  third  type  of  data  used 
by  the  program  is  the  demographic  database  includ¬ 
ing  the  population  of  cities,  towns,  and  villages.  By 
means  of  this  database,  the  program  assigns  more 
channels  to  those  transmitters  whose  coverage  area 
includes  bigger  population. 

Using  these  input  data,  firstly,  the  program  tries  to 
assign  a  minimum  number  of  channels  to  every  trans¬ 
mitter  in  the  network.  This  minimum  number  of 
channel  is  given  by  the  user.  Then,  the  program 
starts  to  assign  additional  channels  to  each  trans¬ 
mitter  by  increasing  the  number  of  channels  one  by 
one.  At  this  point,  if  there  are  several  alternatives, 
a  new  channel  is  assigned  to  that  transmitter  whose 
coverage  area  has  the  biggest  population. 


8  Generated  Outputs 

The  frequency  plan  is  a  list  of  transmitter  sites  with 
geographic  and  technical  properties.  The  geograph¬ 
ical  properties  consist  of  the  coordinates,  the  height 
above  the  sea  level,  and  the  antenna  height.  The 
technical  properties  consist  of  the  transmitter  power, 
maximum  effective  radiated  power  in  all  directions, 
assigned  frequency,  polarization,  offset,  and  the  ver¬ 
tical  tilt  angle.  For  the  Turkish  TV  network,  a  to¬ 
tal  of  21  652  frequencies  at  880  transmitter  sites  are 
listed. 

In  addition  to  the  plan,  two  databases  are  gener¬ 
ated  for  licensing  purposes.  In  the  first  one,  for  each 
transmitting  station  a  list  of  places  down  to  small¬ 
est  inhabited  districts  in  the  coverage  area  are  given 
together  with  total  population.  For  each  provincial 
district,  a  list  of  transmitting  stations  and  channels 
that  can  be  viewed  are  listed  in  the  second  one.  Var¬ 
ious  statistics  like  average  number  of  channels  per 
transmitting  cite  that  can  be  viewed,  etc.  can  be 
extracted  from  those  databases. 


and  fixed  networks. 
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9  Conclusions 


A  computer  aided  frequency  planning  is  presented  for 
the  VHF  and  UHF  broadcasts.  A  similar  approach 
has  been  followed  for  the  FM  broadcasting  in  Turkey. 
The  approach  has  utilized  the  Simulated  Annealing 
algorithm  for  the  optimization  of  number  of  broad¬ 
cast  channels.  It  is  seen  that,  this  has  resulted  in 
a  very  fast  and  efficient  way  of  channel  assignment. 
The  approach  can  be  generalized  to  similar  mobile 
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Fig.l.  Coverage  area  contour  plot  of  the  Camlica,  Istanbul  station  in  the  VHF. 
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Fig. 2.  Gray  scale  plot  of  the  field  strength  due  to  the  (^amlica,  Istanbul  station  in  the  VHF. 


47-1 


INTRODUCTION  TO  RURAL  AREAS  TELECOMMUNICATIONS 
AND  DEVELOPMENT  OF  A  PILOT  TERMINAL  UNIT 


Rodoula  Makri 
Michalis  Gargalakos 
Nikolaos  K.  Uzunoglu 

Institute  of  Communications  and  Computer  Systems 
Department  of  Electrical  and  Computer  Engineering 
National  Technical  University  of  Athens 
42  Patission  Str.  106  82  Athens,  Greece 


Rural  areas  present  special 
characteristics  which  must  be 
taken  under  consideration  when 
designing  their 
telecommunication  networks. 
These  characteristics  and  their 
effects  on  systems  design  are 
examined  in  detail.  The  design 
of  a  pilot  terminal  unit  in  a 
block  diagram  form  is  presented 
with  a  brief  explanation  of  its 
specifications  and  subunits. 
Various  applications  of  this 
systeni  concerning  rural  areas 
are  viewed.  Modern  applications 
such  as  telemedicine  and 
teleteaching  can  be  realised  with 
the  use  of  this  system.  Military 
use  is  also  a  promising 
perspective  of  the  system. 
Alternative  solutions  that  could 
increase  systems  capacity  and 
range  are  also  examined. 

LIST  OF  SYMBOLS 

ISDN;  Integrated  Services 

Digital  Network 

TIjMA:  Time  Division  Multiple 

Access 

FDMA:  Frequency  Division 

Multiple  Access 

FSK:  Frequency  Shift  Keying 

IF:  Intermediate  Frequency 

RF:  Radio  Frequency 

QPSK:  Quadrature  Phafe  Shift 

Keying 

QAM:  Quadrature  Amplitude 
Modulation 
ICCS:  Institute  of 
Communications  and  Computer 
Systems 

CCITT:  International 
Organization 

PCM:  Pulse  Coded  Modulation 
VSWR:  Voltage  Standing  Wave 
Ratio 

MMIC:  Monolithic  Microwave 
Integrated  Circuit 
MUX:  Multiplexer 


As  it  is  well  known  rural  areas 
which  are  geographically 
isolated  but  usually  rich  in 
natural  resources  play  a 
significant  role  in  the  evolution 
or  a  country. This  role  is  even 
reater  when  the  country  is 
ominated  by  high  mountains 
and  small  isolated  islands. 

So,  the  absence  of  well 
developed  telecommunications 
in  these  areas  results  in  a  low 
level  of  education  and  economy 
which  increases  the  internal 
immigration  towards  the  urban 
zones.  The  side  effects  of  this 
phenomeno  is  the  increase  of 
unemployment  and  the  decay  in 
the  quality  of  life.  In  the  same 
time  rural  areas  become  deserted 
and  underdeveloped.  In 
conclusion,  a  modern 
telecommunication  network  can 
attract  investements  and 
encourage  the  local  population 
to  remain  to  his  local  area. 

2.  CHARACTERISTICS  OF 
RURAL  AREAS 

A  rural  area  generally  consists 
of  scattered  settlements,  villages 
and  small  towns  which  can  be 
found  either  in  high  mountaineer 
regions  or  in  small  groups  of 
islands.  These  areas  can  be 
characterised  from  the  following 
aspects. 

a)  Partial  or  total  lack  of  public 
services  such  as  reliable 
electricity  or  water  supply 

b)  Access  and  transport 
difficulties 

c)  Rarity  of  locally  available 
ualified  personell  (technicians, 
octors) 
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d)  Unusual  climatic  conditions 
that  constrain  the  requirements 
of  equipment  life  and 
maintenance. 

e)  Scattered  population  which 
some  times  has  temporary 
housing. 

f)  Underdeveloped  health  and 
educational  services. 

g)  Primitive  economy  activities 
such  as  agricultute,  fishing, 
animal  raising  and  complete  lack 
of  idustry. 

3.  NEEDS  AND  PRIORITIES 

The  diversity  of  rural  areas 
demands  a  variety  of  services 
especially  adapted  to  the 
characteristics  of  each  area.  For 
example,  there  are  areas  in 
which  the  first  step  will  be  to 
provide  a  simple  telephone 
service  and  otliers  more 
developed  which  need  rnodern 
telecommunication  services. 

If  we  take  under  consideration  a 
small  island  there  are  several 
factors  that  should  be  taken  into 
account.  The  most  important 
thing  is  that  the  population 
changes  dramatically  each 
season  because  of  the  tourism. 

In  addition,  the  presence  of  high 
quality  tourism  in  some  places 
increases  the  demand  for  more 
reliable  services.  This  means 
that  a  rural  telecommunication 
network  should  be  designed  in 
such  a  way  in  order  to  be  able  to 
deal  with  the  periodic  changes  in 
the  services  demand  and  there 
must  be  a  prediction  for  quality 
servicies  such  as  fax,  telex  e.t.c. 

On  the  other  hand,  in 
mountaineer  regions  the 
population  changes  again 
periodically  and  especially  in 
holidays  when  people  leave  the 
big  cities  to  visit  their  home 
villages.  In  these  areas,  some 
times,  the  telecommunication 
network  does  not  exist  at  all  and 
the  prior  need  is  for  single 
telephone  lines. 

These  two  examples  prove  what 
was  already  mentioned  in  the 
beginning  that  rural  areas 
resent  great  differencies 
etween  them  so  there  must  be  a 
special  design  for  the 
implementation  of  a 


telecommunication  network  in 
each  of  them. 

In  general,  in  rural  areas  special 
study  should  be  made  for 
emergency  services.  They  must 
be  easily  accesssible  and  free  of 
charge  for  the  user.  These 
services  should  have  dedicated 
channels  with  abreviated  dialing 
and  a  smart  reception  system 
that  will  be  able  to  recognize  the 
service  required. 

Apart  from  the  services 
mentioned  previously,  the 
telecommunication  system  must 
take  into  consideration  the 
future  development  of  the  rural 
area.  That  means,  that  apart 
from  telephone  and  telegraph 
other  special  services  must  be 
easily  applied  in  the  existing 
network  in  the  future.  Some  of 
these  applications  are  for 
example,  telemedicine,  distant 
teaching,  image  and  data 
transfer  and  other  ISDN 
applications.  It  is  clear,  that 
these  services  will  enable  the 
rural  area  to  be  developed 
rapidly  along  with  the  rest  of  the 
country. 

In  conclusion,  the  most 
important  services  in  application 
priority  for  a  general  rural 
network  development  plan  are: 

1.  Community  telephony  with  an 
automatic  service  oetween 
communities. 

2.  Public  rural  telephony. 

3.  Private  rural  telephony. 

4. Special  services,  data 
transmission,  telex,  fascimile. 

4.  TECHNOLOGY  USED 

Before  introducing  our  own 
system  it  would  be  useful  to 
present  all  the  common 
technologies  that  exist  and  have 
been  proposed  for  rural  areas 
and  examine  the  advantages  and 
disadvantages  of  them. 

a)  Open  wire  lines  and  cables. 

This  traditional  method  is 
widely  used  all  over  the  world 
for  the  linking  of  a  remote 
subscriber  to  the  nearest  local 
exchange  center.  Experience  has 
shown  that  this  method  is 


sufficient  and  low  cost  when  the 
distance  involved  is  relatively 
short.  When  we  are  refferring  to 
mountaineer  regions  or  isolated 
islands  distant  from  the  shore, 
the  cost  of  the  installation 
becomes  extremely  high.  In 
some  cases,  it  is  impossible  to 
install  cables  because  of  the 
terrain  morphology  and  the 
depth  of  the  sea  bottom.  Even  if 
modern  technics  permit  the 
installation  of  underwater  or 
underground  cables  the  cost 
effective  is  not  acceptable. 

b)  Optical  fibre  systems 

Optical  fibre  systems  which 
have  been  developed  in  recent 
years,  have  many  advantages 
over  cables  because  they  present 
greater  reliability,  higher 
capacity  and  a  variety  of 
applications.  Nevertheless  when 
we  are  refferring  to  a  small 
number  of  subscribers  optical 
fibres  are  not  yet  a  cost  effective 
solution.  In  addition,  the 
installation  procedure  can  some 
times  be  extremely  long  or  even 
impossible  in  case  of  rugged 
terrain. 

c)  Sattelite  systems 

These  systems  are  used  for  very 
long-distance 

telecommunications  (over  a 
thousand  miles).  So,  for  small 
countries  with  dispersed 
population  this  solution  is 
extremely  expensive.  However, 
they  can  be  used  in  very  special 
circumastances  where  every 
other  possible  solution  can  not 
be  applied. 

d)  Mobile  systems 

These  systems  can  be  very 
attractive  to  subscribers  due  to 
the  facilities  they  provide  and 
the  simplicity  of  their  use. 
Unfortunately,  the  full 
development  of  such  a  system 
requires  a  large  number  of  base 
stations.  Especially  in 
mountaineer  regions,  this 
number  increases  rapidly 
because  of  the  propagation 
problems  that  exist.  In  general 
the  use  of  mobile  systems 
demands  highly  sophisticated 
and  expensive  infrastructures. 

Apart  from  the  technologies 
mentioned  previously,  we  also 


have  microwave  radio  systems. 
These  systems  can  provide  low 
medium  and  high  capacities  in  a 
variety  of  ranges.  They  are  well 
suited,  effective  and  in  most  of 
the  cases  low  cost.  Modern  radio 
^tems  use  complex  TDMA  or 
FDMA  technics  for  point  to 
multi  point  communications. 

To  what  it  concern  rural  areas, 
the  examination  of  their  special 
characteristics  has  shown  that 
radio  systems  tend  to  be  in 
general  the  most  sufficient  for 
these  cases.  Based  on  these 
conclusions  the  ICCS  developes 
a  wireless  link  terminal  unit. 
This  unit  is  especially  designed 
in  order  to  meet  the  following 
conditions 

a)  low  power  consumption 

b)  modular  design 

c)  easy  installation 

d)  high  reliability 

e)  easy  and  economic  expansion 
to  new  subscribers. 

When  these  conditions  are  met 
the  system  becomes  ideal  for 
small  isolated  areas  with 
disperse  population.  In 
conclusion  it  is  expected  that 
such  small  flexible  systems  will 
make  possible  the  overcoming  of 
the  physical  and  economic 
isolation  of  rural  areas  and  their 
development  along  with  the  rest 
of  the  country. 

5.  SYSTEM  DESIGN 

After  examining  all  the  concepts 
that  have  been  mentioned  above 
the  first  step  was  to  derive  the 
basic  specifications  of  the  novel 
rural  area  telecommunication 
unit.  These  specifications  are  the 
following: 

i)  frequency  of  operation:  1.7- 
1.9  GHz  (L-band5 

ii)  Type  of  modulation:  FSK 

iii)  system  rate:  2.112  Mbits/sec 

iv)  output  power:  >  2Watt 

v)  range:  >  20  Km 

vi)  bit  error  rate:  <  10exp(-3) 

The  block  diagram  of  the  system 
is  shown  in  figure  1. 

The  system  is  full-duplex  which 
means  that  both  the  transmitter 
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and  the  receiver  are  located  in 
each  side  of  the  link.  So,  when 
we  are  refferring  to  the  block 
diagram  of  figure  1  it  means  that 
an  identical  system  is  placed  at 
the  other  side  of  the  link.  From 
now  on,  this  block  diagram  will 
be  refferred  as  tranceiver. 

From  this  figure  it  is  obvious 
that  the  system  consists  of  the 
following  main  subunits: 

a)  the  baseband  subunit 

b)  the  IF-RF  subunit 

c)  the  front-end  subunit 

Each  of  these  main  subunits  will 
be  analysed  separately. 

a)  the  baseband  subunit 

This  subunit  mainly  consists  of 
a  multiplexer  -  demultiplexer. 
The  multiplexer  has  two 
different  input  interfaces.  The 
first  one  can  be  connected 
directly  to  a  telephone  line  and 
receive  either  analog  voice 
signals  or  digital  signals  from 
the  telephone  modem.  The  other 
one  can  be  connected  directly  to 
the  telephone  exchange  center. 
The  difference  is  that  the  second 
interface  can  identify  a  call  in 
the  transmitter  side  and 
regenerated  it  in  the  receiver 
side. 

Both  of  them  convert  the  analog 
or  digital  signal  to  a  PCM  signal 
corresponding  to  a  64  Kbit/s 
digital  bit  sequence.  The  digital 
signal  is  multiplexed  on  tiine 
axis  and  a  2.112  Mbit/s  digital 
tributary  is  derived. 

The  systems  capacity  is  30 
channels.  Each  of  them  includes 
the  original  64  Kbit/s  signal  and 
the  corresponding  signafing.  So, 
the  output  rate  of  each  channel 
is  expected  to  be  a  little  greater 
than  64  Kbit/s.  Another  option 
of  the  system  is  a  co-directional 
interface  based  on  the  CCITT 
G703  Recommendation.  This 
interface  can  directly  receive 
data  without  the  interference  of 
a  modem. 

b)  Tbe  IF  -  RF  subunit 

First  of  all,  it  must  be  made 
clear  that  the  system  operates  in 
two  different  IF-RF  bands 
because  it  is  full-duplex.  So, 
when  it  transmits  in  the  first 


band  it  can  simultaneously 
receive  in  the  second  one  and 
vice  versa  in  the  other  side  of 
the  link. 

As  it  has  already  been  explained 
in  the  output  of  the  baseband 
subunit  we  have  the  generation 
of  a  2.112  Mbit/s  digital 
tributary.  This  sequence  is 
inserted  to  the  Modulator  1  (MO 
1  ref.fig.l)  where  the  baseband 
signal  directly  modulates  the  IF 
carrier.  Practical  MO  1  is  a 
phase-locked  Voltage  Control 
Oscillator  (VCO)  with  an 
operating  frequency  of  478.5 
MHz  for  system  A  (one  side  of 
the  link)  or  370  MHz  for  system 
B  (opposite  side  of  the  link). 

The  pnase  locking  is  realised 
with  the  use  of  a  frequency 
synthesizer  with  appropriate 
dual  modulus  prescaler  with  a 
reference  frequency  input  of  10 
MHz.  The  output  power  of  MO  1 
is  greater  than  10  dbm  and  the 
spurius  and  harmonics  less  than 
-60  dbc.  Finally,  the  phase  noise 
will  be  less  than  -90  dbc/l  KHz 
offset. 

The  FSK  scheme  has  been 
chosen  because  it  demands 
reater  simplicity  in  the  circuits 
esign  than  other  schemes 
OPSK,  QAM  e.t.c.).  In 
addition,  the  characteristic  of 
linearity  is  not  of  such  great 
importance  because  of  the  the 
constant  envelope  of  the 
modulation  scheme. 

The  next  unit  that  is  shown  in 
fig.  1  is  the  RF  Synthesizer. 

This  component  creates  an 
output  frequency  band  of  1343.5 
-  1424  MHz  with  a  frequency 
step  of  125  KHz  and  a  reference 
freq^uency  of  10  MHz  which  will 
be  the  same  with  the  one  of  MO 
1. 

The  signals  from  the  MO  1  and 
the  RF  synthesizer  are  fed  to  the 
RF  mixer.  So,  the  transmitted 
signal  is  up  converted  in  the 
transmission  frequency  band 
which  is  1822  -  1902.5  MHz  for 
system  A  and  1713.5  -  1794 
MHz  for  system  B.  The  output  of 
the  mixer  is  at  least  0  dbm  and 
the  lower  side  band  and  carrier 
supression  are  greater  than  40 
dbc. 

Then  the  RF  signal  must  be 
filtered  in  order  to  achieve  the 
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image  rejection.  So,  it  has  been 
designed^ a  bandpass  filter  with 
the  following  characteristics: 

Second  order  maximally  flat 
response 

center  frequency  1.8  GHz 
fractional  oandwidth  11% 
cutoff  20  db  at  1.4  GHz  and  2.2 
GHz 

This  filter  has  been  realized  with 
coupled  lines  in  a  stripline 
substrate.  Alternatively,  instead 
of  striplines,  ceramic  -  ready 
modules  can  be  used. 

In  the  end  of  the  transmitter  unit 
the  signal  is  being  arnplified  by 
the  power  amplifier.  This 
amplifier  will  be  operating  at 
1.7  -  1.9  GHz  with  2  Watts 
output  and  35  db  gain.  This 
choice  makes  the  use  of 
reamplifiers  unnecessary 
ecause  the  power  level  at  the 
output  of  the  filter  is  sufficient 
for  driving  the  power  amplifier. 

As  it  has  already  been 
mentioned  the  range  of  the 
system  will  be  at  least  20  Km 
but  this  distance  can  get  even 
greater  according  to  the 
application  (isolated  islands). 

So,  an  alternative  solution  of  10 
Watts  output  has  been  examined. 
In  this  case,  one  or  two 
preamplifier  stages  will  be 
needed  to  drive  the  power 
amplifier. 

In  the  receiver  stage  after  the 
front  end  subunit  the  signal  is 
amplified  1^  a  low  noise 
amplifier.  The  gain  of  this  unit 
win  be  25  db  and  the  noise 
figure  less  than  1.5  db. 

The  received  signal  will  be  in 
the  frequency  band  of  1713.5  - 
1794  MHz  for  system  A  or  1822 
-  1902.5  MHz  for  system  B. 

After  the  low  noise  amplifier 
(LNA)  the  signal  is  then  filtered 
using  a  filter  identical  with  the 
RF  filter  of  the  transmitter. 
Notice  that  the  characteristics  of 
the  filter  were  chosen  in  order  to 
comply  with  both  used  bands. 

Next,  it  is  possible  to  have  one 
or  two  intermediate  amplifer 
stages  depending  on  the  chosen 
range  of  the  system.  Then  we 
meet  the  first  down  conversion. 
Spesifically,  we  have  a  mixer 
wlhich  is  driven  by  the  RF 


received  signal  and  the  same 
local  oscillator  signal  used  in 
the  transmitter.  Both  the  local 
oscillator  signals  used  in  the 
transmitter  and  the  receiver  are 
obtained  by  the  RF  frequency 
synthesizer  with  the  use  of  a 
power  splitter. 

The  output  of  the  mixer  will  be 
at  370  MHz  for  system  A  and 
478.5  MHz  for  system  B.  These 
frequencies  will  be  the  center 
frequencies  for  the  filter 
following  the  mixer  in  order  to 
rejects  the  image  and  the 
intermodulation  products. 

At  this  point  instead  of 
proceeding  with  the 
demodulation  of  the  signal  it  is 
necessary  to  have  a  second  down 
conversion  at  70  MHz.  This  is 
suggested  because  only  at  these 
low  frequencies  it  is  easier  to 
obtain  surface  acoustic  wave 
filters  which  are  needed  for  the 
correct  demodulation  of  the 
signal.  So,  for  the  second  down 
conversion  we  use  a  circuit 
identical  with  the  MO  1  in  the 
transmitter.  The  only  difference 
is  the  frequency  of  me  VCO 
used.  So,  for  system  A  (370 
MHz)  440  MHz  is  used  and  for 
system  B  (478.5  MHz)  408.5 
MHz  is  used  at  10  dbm  output. 

The  final  step  is  the 
demodulation  proccess  which  is 
realised  by  a  very  simple  circuit 
because  of  the  scheme  used.  The 
input  frequency  is  70  MHz  and 
the  input  power  level  is  -10  dbm 
±  1  db.  The  frequency  response 
is  -3  db/2  MHz  and  the  output  is 
±  1  V  at  75  Ohm. 

The  2.1 12  MBit/s  baseband 
sequence  which  is  extracted  by 
the  modulator  is  fed  into  the 
demultiplexer  which  creates  30 
channels  of  64  Kbit/s. 

c)  front  -  end  subunit 

This  subunit  consists  of  Tx  (for 
transmitter)  and  Rx  (for 
receiver)  branching  filters,  the 
diplexer  (circulator)  and  the 
antenna. 

The  Tx  nad  Rx  filters  are  used 
for  the  final  filtering  of  the 
signal  before  the  transmission 
and  just  after  the  reception  in 
order  to  reject  any  noise 
associated  with  the  signal.  The 
characteristics  of  these  filters 
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are  extremely  strict  and  in  the 
first  approacn  it  was  decided  to 
use  ready  modules. 

The  diplexer  is  necessary 
because  the  system  is  full  duplex 
and  is  used  for  isolating  the 
receiver  from  the  transmitter.  It 
consists  of  a  common  circulator 
with  the  specific  demand  of 
great  isolation  between  the  ports 
at  which  the  transmitter  ancT  the 
receiver  are  connected. 

To  what  it  concerns  the  antenna 
the  choise  of  its  type  depended 
on  the  range  of  the  system.  For 
ranges  less  than  15  Km  panel 
antennas  would  be  sufficient  for 
our  applications.  In  our  case  in 
order  to  achieve  a  range  of  20 
Km  or  even  greater  with  a  high 
gain  we  decided  to  use  parabolic 
antennas.  The  characteristics  of 
these  antennas  were 

frequency  range  1.7  -  2.11  GHz 
reflector  diameter  1.2  m 
ain  25  db 

alf  power  beamwidth  10.7  -  8.7 
degrees 
V^R  1.5:1 

front  to  back  ratio  30  db 

These  characteristics  were 
extremely  adequate  for  our 
application  and  gave  our  system 
great  flexibility  with  an 
operational  range  much  higher 
than  20  Km. 

6.  APPLICATIONS 

As  it  was  already  mentioned  the 
applications  of  this  system  are 
plenty.  Specifically,  the  Institute 
of  Communications  and 
Computer  Systems  which  is 
directly  connected  to  National 
Technical  University  of  Athens 
in  cooperation  with  the 
Polytechnic  University  of  Tirana 
is  developing  a  novel  pilot 
terminal  unit  based  on  the 
revious  design.  This  unit  will 
e  installed  and  operated  in 
Albania. 

A  similar  system  will  be 
developed  with  the  cooperation 
of  the  State  Engineering 
University  of  Armenia  at 
Yerevan  and  the  Georgia 
Technical  University.  Both 
projects  are  funded  by  the 
European  Community  in  terms 
of  programs  which  reinforce  the 
technilogical  cooperation 


between  Europe  and  Eastern 
countries. 

Another  system  based  on  the 
same  block  diagram  design  is 
being  developed  in  Greece  with 
a  change  in  the  modulation 
scheme.  Specifically,  the 
modulation  scheme  used  is 
QPSK.  This  results  in  a  change 
in  the  modulation  and 
demodulation  unit.  Furthermore, 
the  design  of  the  filters  and 
amplifiers  has  to  be  more  strict 
because  it  has  to  take  under 
consideration  the  demand  for  a 
better  linearity  in  the  response 
of  these  modules. 

In  general,  it  is  obvious  that  the 
design  of  the  system  is 
extremely  flexible  because  we 
can  easily  alter  its  range  and  its 
modulation.  The  change  in  range 
results  in  a  greater  variety  of 
applications  especially  when  we 
are  considering  Greece  which 
presents  a  great  geographical 
dispersion. 

As  it  is  well  known,  more  than 
three  hundred  islands  are 
inhabited  both  in  Aegean  and 
Ionian  sea.  These  islands  are 
found  in  distances  which  vary 
from  few  to  several  hundreds  of 
miles  from  shore.  So,  with  the 
proper  design  of  the  antennas 
and  the  increase  of  the  output 
power  the  whole  of  the  sea 
territory  of  Greece  will  be 
covered. 

Apart  from  the  islands,  Greece 
in  the  mainland  is  characterised 
from  high  mountaineer  regions. 
These  regions  are  usually  full  of 
small  isolated  villages  a  fact 
which  means  a  great  population 
dispersion.  So,  the  system  under 
development  will  be  the  most 
suitable  one  for  these  cases. 

The  main  idea  is  to  develop  a 
network  whose  draft  architecture 
is  shown  in  figure  2.  Sites  A,  B 
and  C  represent  small  villages  or 
small  islands  with  some 
hundreds  of  residences.  Site  D  is 
the  exchange  center  of  the  area 
either  in  the  mountains  or  in  a 
bigger  island.  So,  each  of  these 
small  regions  could  be  equiped 
with  this  system  and  then 
connected  to  the  main 
communication  network  of  the 
country  through  the  local 
exchange  center. 


The  design  and  the  development 
of  our  system  was  based  on  this 
idea.  That  is,  to  develop  a  small, 
easy  to  use  and  to  install  system 
suitable  for  such  cases.  The 
systems  capacity  is  30  channels 
which  is  enough  for  small  areas 
with  few  inhaoitants  but  it  can 
easily  be  increased  with  the  use 
of  sub  multiplexer  units  if  the 
demand  for  teleplone  services 
becomes  greater.  Apart  from 
this,  the  modulation  scheme  can 
also  be  changed  in  order  to  make 
better  use  of  the  bandwidth.  This 
would  result  again  in  an  increase 
of  the  capacity. In  conclusion  the 
capacity  and  the  range  are  two 
flexible  concepts  of  the  system 
that  can  be  easily  altered  in 
order  to  serve  the  specials  needs 
of  a  region. 

To  what  it  concerns  the  special 
applications  of  the  system  many 
services  can  be  offered  apart 
from  simple  telephone  services. 
As  it  has  already  been  explained 
the  multoplexer  can  be 
connected  to  a  telephone  modem 
or  it  can  directly  receive  data 
from  a  PC.  This  means,  that  the 
system  has  the  capability  to 
transfer  images  or  data 
packages.  This  feature  is 
extremely  useful  for  transferring 
medical  data  from  small  isolated 
emergency  medical  units 
(electrocardiogram.  X-rays 
tomography,  e.t.c.). 

Additionally,  the  feature  for  data 
transfer  can  be  useful  for  tele¬ 
consulting,  tele-teaching, 
meteorology  and  tele¬ 
agriculture. 

Another  special  application  is 
the  thansfer  of  radar  images  and 
data  from  small  airforce  or  navy 
bases  situated  in  high  mountains 
or  small  islands  to  the  army 
headquarters.  An  expansion  of 
this  idea  would  be  to  develop  a 
network  of  radars  which  would 
be  installed  in  the  islands.  Each 
of  them  will  be  equiped  with 
this  system  and  it  will  be  able  to 
transfer  immediately  any  useful 
radar  information.  By  this  way 
the  whole  of  the  sea  teritory  of 
Greece  and  especially  the 
borders  woula  be  multicovered. 

This  system  is  expected  to  be 
operational  within  the  next  few 
months  when  it  is  planned  to  be 
installed  in  Albania.  When  the 


proper  use  of  the  system  has 
been  sufficiently  tested  there 
will  be  an  attempt  of  descreasing 
its  size  and  cost  by  integrating 
some  RF  and  IF  stages.  The  final 
structure  of  the  system  is 
predicted  to  consist  of  some 
modules  (  MUX,  antenna,  Tx-Rx 
filters  e.t.c.)  and  RF  MMIC 
chips. 
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DISCUSSION 


Discussor's  name:  L.  Bertel 

Comment/Question: 

What  are  the  range  limitations  of  your  system? 

Author/Presenter’s  reply: 

The  system  was  designed  for  a  30  km  range.  In  the  USA  the  range  is  approximately  20Km. 
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SUMMARY 

In  military  operations,  it  is  essential  that 
commanders  maintain  an  awareness  of  the 
location  of  subordinate  units.  The  U.S.  and 
other  nations  have  deployed  troops  under 
United  Nations’  (UN)  auspices  to  observe 
activity  along  potentially  hostile  borders.  In 
these  operations,  there  is  always  a  danger 
that  troops  may  inadvertently  stray  into  a 
restricted  area  or  cross  a  border.  A  system 
is  needed  to  provide  situation  awareness  by 
monitoring  the  position  of  soldiers  (or  the 
vehicles  they  are  mounted  in)  and  to  warn 
when  a  soldier  is  entering  a  restricted  area. 
Such  warning  should  be  provided  to  the 
soldier  himself  and  also  to  higher  echelons. 

If  a  higher  echelon  is  aware  of  an  emergency 
situation  it  may  attempt  to  warn  the  soldier 
by  independent  means  and  also  initiate  the 
preparation  of  a  reaction  team. 

The  Advanced  Research  Projects  Agency 
(ARP A)  has  undertaken  to  deliver  and 
demonstrate  such  a  system.  This  is 
accomplished  by  the  use  of  a  very  compact 
package  of  Global  Positioning  Satellite 


(GPS)  receivers  and  microprocessors  to 
provide  the  individual  with  an  autonomous 
capability.  In  addition,  communications  are 
included  so  that  the  position  and  status  of 
soldiers  can  be  automatically  reported  to 
higher  echelons.  Emergency  messages,  such 
as  a  call  for  medical  evacuation,  can  be 
passed  up  or  down  the  links.  This  paper 
describes  the  design  and  development  of 
such  equipment  to  support  U.S.  Army 
personnel  deployed  in  the  Republic  of  Korea 
(ROK)  and  in  the  Former  Yugoslav  Republic 
of  Macedonia  (FYROM). 

I.  INTRODUCTION 

ARPA  is  developing  fundamental 
technology  as  well  as  providing  field 
demonstration  systems  which  will  maintain 
the  track  and  status  of  soldiers  or  units.  The 
system  is  based  on  the  use  of  the  GPS 
satellites  to  provide  the  geographical  location 
of  any  soldier,  mounted  or  dismounted.  A 
small  device  (a  monitor  unit)  is  carried  by  an 
individual  soldier  or  a  vehicle.  It  measures 
the  soldier's  position  and  transmits  the 
coordinates  by  radio  to  a  base  unit.  The 
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tracks  of  each  soldier  can  then  be  relayed  to 
other  base  units. 

In  addition  to  maintaining  the  track  of 
soldiers,  the  system  also  includes  a  status 
reporting  capability.  Each  monitoring  unit 
can  transmit  a  set  of  pre-defmed  messages, 
such  as  a  request  for  medical  evacuation, 
which  are  automatically  routed  and  relayed 
to  all  base  units.  In  this  way,  all  echelons 
would  be  warned  simultaneously  of  any 
critical  incidents  or  dangerous  activity.  A 
set  of  response  messages  are  available  for 
any  base  unit  to  respond  to  the  requests  by 
a  monitor  unit. 

In  this  paper,  the  term  situation  awareness  is 
used  to  mean  the  functions  just  described 
and  the  system  is  called  “Soldier  911.”  In 
the  United  States,  the  telephone  number  911 
can  be  used  automatically  to  directly  access 
all  emergency  services:  fire,  police,  rescue, 
and  medical. 

In  order  for  the  situation  awareness  system 
to  perform  adequately,  the  monitor  unit 
must  have  regular,  unmasked  access  to 
multiple  GPS  satellites  and  must 
periodically  have  a  clear  propagation  path  to 
a  base  unit.  Terrain  masking  and  foliage 
masking  can  both  interfere  with  the  GPS  and 
radio  link  propagation  paths  thereby  limiting 
the  performance  of  the  system. 

Because  of  the  potential  need  to  extract 
military  units  from  danger  (i.e.,  individual 
soldiers,  vehicles,  pilots  or  aircraft),  it  is 
desirable  that  the  system  be  100  percent 
compatible  with  current  international  search 
and  rescue  (SAR)  capabilities.  The 
importance  of  this  capability  was  recently 
highlighted  by  the  dramatic  rescue  of  the  F- 
16  pilot,  Lt.  O’Grady,  in  Bosnia. 
Maintaining  this  compatibility  is  an  essential 
requirement  and  has  driven  the  design  of  the 


protocols  for  the  deployed  systems  to  be 
discussed. 

Many  nations  have  troops  deployed  for  the 
purpose  of  monitoring  activity  on 
international  borders  where  hostilities  are 
possible.  There  are  three  general  types  of 
operations  where  troops  may  cross  into  a 
restricted  area:  foot  patrols,  convoys,  and 
airborne  patrols.  The  applications 
described, in  this  paper  relate  to  these  three 
types  of  operations  as  they  affect  U.S. 

Army  personnel  deployed  in  the  ROK  and 
in  the  FYROM.  Each  of  these  areas  has 
unique  requirements  which  require  a  custom 
solution. 

n.  TECHNICAL  REQUIREMENTS  - 
ACTUAL  SITUATIONS 

In  the  FYROM,  the  U.S.  provides  a 
battalion  sized  task  force  to  monitor  a 
portion  of  the  border  between  Serbia  and  the 
FYROM.  A  sketch  of  this  situation  is 
shown  in  Figure  1.  The  task  force  operates 
with  two  companies  operating  forward. 

Each  company  controls  four  to  five 
Observation  Posts  (OPs)  located  near  the 
border  through  a  forward  deployed 
Command  Post  (CP)  and  the  companies  are 
controlled  by  task  force  headquarters  located 
near  the  Skopji  airport.  The  OPs  are 
typical  of  most  other  UN  OPs  set  up  in  the 
Balkan  region  and  support  a  squad  of  about 
nine  men.  Both  mounted  and  dismounted 
patrols  are  conducted  from  the  OPs. 
Reconnaissance  units  from  the  battalion  task 
force  may  also  conduct  patrols. 

For  the  FYROM,  base  stations  are  required 
at  each  OP,  at  each  company  CP,  and  at  the 
task  force  headquarters.  The  location  of  a 
patrol  would  then  be  available  at  its  parent 
OP,  the  controlling  CP,  and  at  headquarters. 
Monitor  units  would  be  carried  by 
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individuals  on  foot  patrol  or  would  be 
employed  inside  of  vehicles  for  mounted 
patrol. 

In  the  ROK,  the  U.S.  performs  many  UN 
missions  to  include: 

•  Conducting  aerial  surveillance  of  the  De- 
Militarized  Zone  (DMZ) 

•  Providing  aerial  delivery  of  personnel 
and  equipment  to  OPs  located  close  to 
and  along  the  DMZ 

•  Providing  ground  based  patrols  to  monitor 
activity  in  the  Joint  Security  Area  (JSA). 

A  sketch  of  this  situation  is  shown  in  Figure 
2. 

The  JSA  is  similar  to  any  of  the  OPs  in 
FYROM  and  shares  the  same  requirements 
as  stated  above.  Helicopter  operations 
present  a  completely  different  set  of 
requirements.  Of  particular  interest  are  the 
flights  of  Black  Hawk  UH-60  transports 
which  fly  VIPs  and  delivers  sustainment  to 
units  operating  near  the  DMZ.  These 
helicopters  are  especially  vulnerable  to 
crossing  into  denied  areas  and  they  were 
selected  for  demonstration  of  the  situation 
awareness  system. 

Most  helicopter  operations  are  controlled 
from  the  Guardian  flight  following  facility 
located  in  Yongson,  Seoul.  Flights  are  flown 
at  relatively  low  altitude  and  at  relatively 
long  ranges  from  Guardian.  To  implement 
communication  with  helicopters,  radio  relay 
stations  are  employed  to  ensure  a  nearly 
continuous  communication  over  most  of  the 
Northwest  portion  of  the  ROK.  To  ensure 
complete  communication,  thus  complete 


situation  awareness,  it  would  require  that 
satellite  communications  be  employed. 

Currently,  the  system  is  being  deployed  for 
UH-60  model  helicopters  only;  subsequent 
phases  may  expand  this  to  other  models. 
Initially,  five  helicopters  will  be  equipped  so 
that  the  on-board  monitor  unit  can 
communicate  with  Guardian  via  UHF 
satellite  communications  (SATCOM).  The 
SATCOM  equipment  is  presently  installed 
on  UH-60s  in  the  ROK  and  it  will  be 
modified  to  accommodate  the  Soldier  911 
monitor  unit.  These  five  helicopters,  as  well 
as  an  additional  five,  will  also  be  equipped 
so  that  the  monitor  unit  can  communicate 
with  Guardian  via  VHF/UHF  radio 
communications.  For  this  latter  purpose, 
radio  transceivers  will  be  located  at  the 
existing  relay  sites  and  remotely  controlled 
from  Guardian.  In  addition,  an  airborne 
radio  relay  system  is  also  to  be  provided. 

Between  ROK  and  FYROM,  one  can  see 
that  there  are  a  variety  of  missions  with 
somewhat  different  requirements.  The 
system  to  provide  situation  awareness  must 
accommodate  these  different  needs  as  well  as 
maintain  100  percent  compatibility  with 
SAR  systems. 

In  the  FYROM,  the  OPs  are  generally 
located  on  high  ground  and  there  is  line  of 
sight  between  most  OPs,  the  two  company 
CPs  and  the  Task  Force  HQ.  Link  distances 
are  less  than  40  km.  Communications 
between  OPs,  CPs,  and  HQ  are  not  generally 
a  problem.  On  the  other  hand,  the  patrol 
area  around  many  of  the  OPs  is  extremely 
rugged  with  many  steep  slopes  and  high 
peaks.  Communications  between  patrols 
and  their  OP  may  often  be  limited  by  line  of 
sight.  In  the  ROK,  there  is  a  wider  variation 
in  conditions.  Aerial  patrols  are  limited  to 
low  flight  altitudes  -  below  air  defense 
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fighter  operating  altitudes.  The  terrain  is 
extremely  rugged  with  very  steep  slopes  and 
high  peaks.  Line  of  sight  conditions  are  rare. 

As  a  proof  of  principle,  ARPA  conducted  a 
functional  demonstration  in  the  ROK  this 
past  February.  Prototype  equipment  was 
installed  in  an  OH-58  helicopter  and  at  the 
aircraft's  operating  base.  Figure  3  shows  the 
results  of  a  test  flight.  Both  views  depict 
the  path  of  the  helicopter  as  it  flew  up  to  a 
"no  fly"  line  (about  10  km  below  the  DMZ). 
The  left  side  shows  the  position  history  of 
the  helicopter  as  measured  and  displayed 
inside  the  helicopter  (i.e.,  the  complete 
track).  The  right  side  shows  the  situation  as 
seen  at  the  base  station.  The  difference  in 
the  two  views  is  due  to  communication  line 
of  sight  conditions,  or  better  stated,  lack  of 
line  of  sight. 

It  is  apparent  that  the  situation  in  the  ROK 
necessitates  a  satellite  communications 
solution.  The  FYROM  on  the  other  hand  is 
generally  supportable  by  use  of  terrestrial 
communications. 

A  final  set  of  requirements  result  from  the 
need  to  maintain  compatibility  with  current 
SAR  equipment.  Air  crews  carry  a  SAR 
radio  which  enables  them  to  transmit  a 
distress  beacon  signal  at  standard 
international  frequencies,  and  communicate 
by  voice  with  SAR  teams  via  radio  in  the 
225  to  300  MHz  band.  In  addition,  some 
SAR  radios  can  also  generate  special  signals 
to  allow  SAR  aircraft  to  use  distance 
measuring  equipment  to  fly  quickly  to  the 
downed  air  crew. 

m.  BUILDING  BLOCKS 

ARPA  has  invested  in  advancing  the 
technology  for  miniaturizing  GPS  receiver 
and  processing  hardware  for  military 


applications.  This  has  resulted  in  a  chip  set, 
manufactured  by  Motorola,  which  allows  all 
of  the  GPS  position  location  functions  to  be 
performed  in  a  small  amount  of  real  estate  - 
about  25  mm  by  25  mm.  Motorola  also 
manufactures  a  line  of  SAR  radios,  type 
designated  the  PRC- 1 12.  (This  in  fact  was 
the  equipment  used  by  Lt.  O’Grady.) 

One  shortfall  in  existing  SAR  radios  is  that 
anyone  (such  as  an  adversary)  may  intercept 
and  exploit  the  distress  beacon  or  voice 
communications.  Motorola  has  invested  in 
eliminating  part  of  this  problem  and 
improving  the  functions  of  the  SAR  system 
by  embedding  a  GPS  capability  into  their 
PRC- 1 12  radio,  resulting  in  an  integrated 
imit  designated  the  GPS-1 12  or  the  Air 
Force  HOOK- 1 12.  The  device  is  shown  in 
Figure  4  with  modifications  made  for  the 
ARPA  program.  Motorola  also  has 
developed  an  interrogation  system  which 
allows  a  SAR  team  to  directly  interrogate  a 
GPS-1 1 2/HOOK- 1 12  imit  and  receive  the 
unit's  actual  geographic  location.  Rescues 
can  then  take  place  with  a  minimum  amount 
of  communication.  In  addition, 
communication  privacy  codes  are  available 
to  prevent  anyone  from  exploiting  the  data 
communications.  The  interrogation  unit 
consists  of  a  VHF  radio  (e.g.,  a  Motorola 
URC-200),  a  special  Motorola  proprietary 
smart  modem/interface,  called  a  Six  Gun™^ 
and  a  PC  computer. 

The  Integrated  Systems  Research 
Corporation  (ISRC)  produces  a  line  of 
position  tracking  and  display  systems  which 
fuses  GPS  type  position  reports  and 
displays  tracks  on  computer  generated 
maps.  ISRC  has  participated  in  previous 
ARPA  location  tracking  programs  and  has 
software  available  that  is  suitable  for  the 
program  described  here  which  operates  on  a 
PC  computer. 
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Motorola  and  ISRC  were  the  two 
contractors  selected  to  participate  in  the 
ARPA  program  and  are  providing  all  of  the 
equipment  necessary  to  implement  the 
concept  and  install  the  system  in  both  the 
FYROM  and  the  ROK. 

IV.  THE  EVOLVING  SYSTEM 
ARCHITECTURE 

To  summarize,  the  Soldier  911  system 
consists  of  monitor  units  (based  on  the  GPS- 
1 12/HOOK-l  12  radio/GPS  set)  and  Base 
Stations  comprised  of  a  VHF  radio,  the 
Motorola  Six  Gun™,  a  PC  computer  and 
tracking/display  software  provided  by  ISRC. 
Different  configurations  (for  ROK  and 
FYROM)  are  implemented  by  the 
communication  protocols.  A  block  diagram 
of  the  system  for  ROK  is  shown  in  Figure  5. 

The  protocols  for  the  system  were 
developed  in  stages  and  will  continue  to 
evolve  as  other  deployment  requirements  are 
added.  The  initial  deployment  was  oriented 
on  the  situation  in  the  FYROM;  it  was 
desirable  to  deploy  a  basic  capability  as 
soon  as  possible.  Later,  the  need  for  a 
capability  in  the  ROK  prompted  the  re¬ 
examination  of  the  protocol  requirements 
and  the  broadening  of  the  capabilities. 
Consequently,  a  more  efficient  protocol  was 
developed  and  applied  to  both  FYROM  and 
ROK. 

For  the  initial  protocol,  a  simple 
asynchronous  scheme  was  employed  where 
each  Base  Station  simply  interrogated  the 
monitor  units  under  its  control,  at  a 
prescribed  but  variable  rate.  Because  of 
frequency  allocation  restrictions,  it  was 
desirable  to  minimize  the  number  of 
frequencies  needed.  Thus,  the  same 
frequency  was  used  by  all  base  stations 
operating  at  OPs  and  CPs. 


With  the  expanded  requirements  for  ROK, 
the  protocol  had  to  be  designed  to 
accommodate  mixed  communication  modes: 
UHF  satellite  and  VHF  terrestrial.  Again, 
because  of  frequency  allocation  restrictions, 
a  single  frequency  is  employed  for  all 
terrestrial  communications  and,  of  course,  a 
separate  frequency  is  needed  for  SATCOM. 
Figure  6  describes  the  timing  basis  for  the 
protocol  used  for  VHF  terrestrial 
communications. 

The  general  requirements  for  the  protocol  are 
as  follows.  The  system  can  handle  up  to  48 
monitor  units  which  report  at  least  every  60 
seconds.  Any  monitor  unit  should  be  able  to 
transmit  an  emergency  "911"  call,  and  a  Base 
Station  should  receive  the  call  within  10 
seconds;  acknowledgment  of  a  91 1  call 
should  be  provided  within  30  seconds. 

The  timing  of  the  protocol  begins  with  the 
same  sequence  of  data  blocks  for  each  radio 
relay  (three  terrestrial:  RR  1,  RR  2,  RR  3, 
and  an  airborne  relay  -  RR  Air).  These 
blocks  contain  differential  GPS  correction 
data  relative  to  the  respective  relay  point, 
space  for  a  canned  message  to  be  transmitted 
through  the  respective  relay,  and  space  for  a 
script  message.  Emergency  911  calls,  for 
example,  are  acknowledged  via  canned 
messages  in  the  relay  data  blocks.  As  shown 
in  Figure  6,  a  30  second  half  cycle  is  used  to 
ensure  that  the  differential  correction  is 
accurate  to  10  meters  and  that  the  91 1 
acknowledgment  requirement  can  be 
satisfied.  In  each  half  frame,  there  are  24 
time  slots  (labeled  1,  2,  etc.  in  Figure  6)  used 
by  monitor  units  to  report  their  position 
reports  (time  and  3-D  position).  Special 
slots  are  provided  as  follows.  The  Remote 
slot  is  used  for  scripted  messages  sent  from 
monitor  units  to  the  Base  Station  and  the 
log-in  slot  is  used  by  a  monitor  unit  to 
inform  the  Base  Station  when  it  enters  the 
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network.  Collisions  in  these  time  slots  are 
possible,  but  are  expected  to  be  extremely 
rare  because  of  pre-scheduling. 

If  less  than  24  monitor  units  are  active,  the 
second  half  frame  can  be  used  the  same  as 
the  first  and  the  overall  timing  then  equates 
to  a  period  of  only  30  seconds. 

V.  STATUS  AND  PLANS 

The  system  is  operational  in  the  FYROM 
and  will  be  delivered  and  installed  in  the 
ROK  in  early  October  of  this  year.  It  is 
expected  that  continuous  feedback  will  be 
received  from  the  users  and  periodic  system 
improvements  will  be  made.  In  addition, 
ARPA  will  pursue  the  development  of  the 
enabling  technologies  for  Soldier  911 
systems  of  the  future. 
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Figure  1  -  FYROM  Situation 


Figure  2  -  ROK  Situation 
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Abstract 

Modeling  and  simulation  (M(feS)  that  assists  the  system 
developer  or  warfighter  in  defining,  prototyping,  testing  and 
training  should  be  executed  with  a  high  level  of  fidelity — this 
includes  communications  simulations.  Current  virtual, 
constructive,  and  systems  performance  simulations  do  not 
provide  the  dynamic  irregularities  at  the  lower  link/physical 
layers  that  stress  on-the-move  (OTM)  coimnunications,  either 
assuming  perfect  communications  or  including  statistical 
averages  of  error  effects.  The  U.S.  Army  communications- 
Electronics  Command  Research,  Development  and  Engineer¬ 
ing  Center  (CECOM  RDEC)  has  been  developing  models 
employing  “communications  realism.”  Cotnmunications 
realism  is  a  simulation  feature  through  which  a  synthetic 
environment  reflects  the  same  communications  problems  that 
exist  in  a  real  environment.  The  purpose  is  to  provide 
realistic  tools  for  developing  on-the-move  (OTM)  communi¬ 
cations  systems  that  ensure  reliable  connectivity  on  the 
digitized  battlefield. 

The  Combined  Arms  Command  and  Control  (CAC2) 
Advanced  Technology  demonstration  (ATD)  is  a  key  program 
for  supplying  digital  capabilities  for  the  United  States  Anny's 
concept  of  the  digitized  battlefield.  The  CAC2  system 
performance  model  (SPM)  was  developed  under  the  CAC2 
ATD  as  an  economical  means  of  evaluating  proposed  system 
designs  and  modifications  prior  to  costly  field  demonstrations 
and  tests. 


The  Integrated  Terrain-Environment-Multipath  Model 
(ITEMM)  provides  the  basis  for  the  Communications- 
Realism  Submodel  (CRS)  of  the  CAC2  SPM.  ITEMM 
provides  communications  parameters  for  real-time  physical 
and  link-layer  models  to  implement  communications  realism. 
ITEMM  dynamically  simulates  the  communications  channel 
problems  that  exist  in  real  environment.  These  problems 
include  signal  fades/error  bursts,  signal  propagation  interfer¬ 
ence  due  to  terrain  shadowing  and  destructive  multipath 
effects,  moving  platfonns,  and  other  factors  affecting 
received  signal  strength  as  a  function  of  time.  True  commu¬ 
nications  impacts  can  only  be  obtained  through  dynamic 
simulation  of  the  environment  rather  than  statistical  averages 
of  stationary  communications  link  errors. 

Introduction 

CAC2  is  the  leading  ATD  in  the  effort  to  support  digitizing 
the  battlefield.  Its  objective  is  to  develop  an  operational  and 
technical  approach  that  will  provide  effective  and  efficient 
information  distribution  across  the  battlefield  at  echelons 
brigade  and  below.  In  order  to  achieve  this  goal,  M&S  will 
play  a  substantial  role  in  the  development  of  an  architecture, 
its  refinement,  and  its  evolution  in  terms  of  both  technical 
performance  and  operational  effectiveness.  Because  this 
effort  includes  hundreds  of  platforms  at  and  below  the 
brigade  level,  M&S  is  the  only  possible  way  to  conduct 
economical  evaluations  of  proposed  system  designs  and 
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modifications  prior  to  costly  field  demonstrations  and  tests. 
Integrating  performance  simulation  with  realistic  scenarios 
allows  designers  and  users  to  quantify  aspects  of  these 
systems  that  could  not  previously  be  envisioned  because  of 
the  system’s  structural  complexity. 

ITEMM  prototype  software,  originally  developed  as  a 
generic  radio  model,  led  to  the  development  of  the  CRS 
which  has  been  integrated  with  the  CAC2  SPM  to  provide  a 
realistic  means  of  simulating  the  physical  propagation 
environment  on  the  tactical  battlefield.  ITEMM  dynamically 
simulates  the  communications  channel  problems  that  exist  in 
real  enviromnents.  These  problems  include  signal  propaga¬ 
tion  interference  due  to  terrain  shadowing  and  destructive 
multipath  effects,  moving  platfonns,  and  other  factors 
affecting  received  signal  strength  (RSS)  as  a  function  of  time. 

This  paper  provides  an  overview  of  the  CAC2  SPM,  the 
communications  environment  on  the  tactical  battlefield,  the 
modeling  approach  used  by  CECOM  in  support  of  the 
digitized  battlefield,  and  ITEMM. 

Combined  Arms  Command  and  Control  Systems 
Performance  Model 

The  objective  of  the  CAC2  ATD  is  to  automate  and  digitally 
integrate  all  friendly  forces  on  the  battlefield  by  providing  an 
information  based  digital  system  architecture  at  brigade  and 
below  to  support  horizontal  and  vertical  integration  capabili¬ 
ties  that  improve  shared  simation  awareness,  battlefield 
synchronization,  and  near-real-time  target  handover  capabili¬ 
ties. 

The  CAC2  SPM  is  used  to  determine  how  proposed  C3 
systems  architectures  impact  cormnunications  systems,  and 
how  the  communications  systems  will  impact  the  CAC2 
system. 

The  CAC2  SPM  utilizes  TRADOC-generated  force  laydown 
information  for  the  Task  Force  XXI  Advanced  Warfighting 
Experiment  (AWE)  to  simulate  brigade  and  below  Opera¬ 
tional  Facilities  (OPFACS)  (Figure  1).  The  high-resolution 
CAC2  SPM  consists  of  modular  submodels  that  interact  at 
run-time  to  simulate  the  overall  CAC2  system  (Figure  2). 

The  Command  and  Control  (C2)  submodel  initializes  the 
simulation  with  set-up  data  on  OPFAC  deployment,  net 
structures,  message  descriptions,  mission  threads,  and 
scenario  data.  The  mission  thread  data  was  developed  by 
subject-matter  experts  (SMEs),  representing  all  battlefield 
functional  areas,  during  an  Operational  Requirements 
Analysis  (ORA).  Tbe  ORA  is  a  process  through  which 
SMEs,  using  a  scripted  scenario,  develop  infonnation 
exchange  requirements.  A  sample  call-for-fire  mission  thread 
is  shown  in  Figure  3. 

The  Combat  Net  Radio  (CNR)  protocol  model  simulates  a 
variety  of  CNR  protocols  including  TACFIRE,  AFATDS, 
IVIS,  MIL-STD- 188-220,  and  MIL-STD-188-220A.  The 
SINCGARS  ICOM  submodel  emulates  the  Single-Channel 
Ground  and  Airborne  Radio  System  (SfNCGARS)  Integrated 
COMSEC  (ICOM)  Received  Transmitter  (R/T).  The 
SINCGARS  SIP  Submodel  emulates  the  SINCGARS  System 
Improvement  Program  (SIP)  R/T. 

Other  Army  legacy  conununications  systems  represented  in 
the  CAC2  SPM  include  the  Mobile  Subscriber  Equipment 
(MSE)  Tactical  Packet  Network  (TPN)  and  the  Enhanced 


Position  Location  Reporting  System  (EPLRS)  R/T.  Connec¬ 
tivity  between  the  various  communications  submodels  is 
provided  by  the  Tactical  Multi-Net  Gateway  (TMG) 
Submodel  which  provides  a  gateway  between  the 
SINCGARS,  EPLRS  and  MSE  Submodels,  and  the 
Internetwork  Controller  (INC)  Submodel  which  provides  a 
gateway  between  the  SINCGARS  SIP  and  EPLRS 
Submodels. 


Figure  1.  Task  Force  XXI  Organization 


The  CRS,  based  on  ITEMM  (see  Figure  4),  provides  realistic 
communications  efforts  including  dynamic  terrain  loss  and 
multipath  effects  using  acmal  terrain  data  (see  Figure  4). 

The  CAC2  SPM  has  been  used  to  conduct  comparative 
analyses  of  the  performance  of  existing  transmission 
protocols-with  and  without  voice  traffic.  The  model  collects 
output  statistics  to  evaluate  the  performance  of  the  networks 
(utilization,  throughput,  collisions),  OPFACs  (messages 
received/transmitted,  queue  size/build  up,  retries),  and 
mission  threads  (average  delay  and  delays  for  individual 
mission  threads). 

The  CAC2  SPM  is  used  as  a  systems  engineering  tool  to 
develop  and  evaluate  the  systems  and  technical  architectures 
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Figure  3.  Call-For-Fire  Mission  Thread 


Figure  4.  CAC2  SPM  CRS  Uses  Actual 
Terrain  Data  to  Provide  Communications 
Realism 


that  support  battlefield  digitization  for  AWEs  and  Task  Force 
XXI.  The  systems  architecture  is  the  physical  connectivity  of 
an  infonnation  system.  The  technical  architecture  specifies 
how  those  systems  will  be  implemented,  e.g.,  protocols. 

The  CAC2  SPM  allows  variations  in  the  interrelationship  of 
the  operational  architecture  (force  structure),  with  the 
technical  architecture  to  achieve  the  optimum  systems 
architecture  for  the  CAC2  system. 

The  Tactical  Environment 

A  critical  issue  addressed  by  the  CAC2  SPM  is  how  to 
represent  the  communications  environment  found  on  the 
tactical  battlefield.  Communications  problems  on  a  digitized 
battlefield  are  often  attributable  to  radio  sources.  As  forces 
move  across  the  battlefield,  the  quality  of  radio  connectivity 
between  them  varies  dramatically  and  continuously  as  a 
function  of  terrain,  propagation,  climate,  radio-link  capabili¬ 
ties,  and  other  factors.  Platfonn  movement  continuously 
varies  the  RSS  because  the  receiver  is  always  exposed  to 
multiple  replicas  of  the  signal  that  interact  destructively 
(Figure  5).  These  replicas  are  signal  returns  from  structures, 
hills,  foliage,  and  atmospheric  layers. 

The  time  rate  of  the  RSS  variations  increases  with  vehicle 
speed.  There  can  also  be  RSS  variations  when  vehicles  are 
stationary  because  phase  balances  of  the  interacting  rays 
change  as  other  vehicles  move,  as  foliage  moves  in  the  wind, 
and,  on  longer  paths,  because  atmospheric  layers  are 
dynamic.  Typical  fading  of  a  900-Mhz  signal  received  by  a 
mobile  unit  traveling  at  1 5  mph  is  shown  in  Figure  6. 

These  communications  signal  impairments  cause  time- 
varying  error  bursts  in  the  digital  bit  stream.  As  shown  in 
Figure  7,  every  time  the  received  signal  strength  falls  below  a 
radio  system’s  performance  threshold,  the  digital  bit  stream 
will  have  an  unacceptable  burst  of  errors  of  varying  duration 
and  occurrence  time.  Modeling  of  variations  in  radio 
connection  quality  is  accomplished  by  error  burst/multipath 
effects  algorithms  and  look-up  tables  consisting  of  such 
factors  as  variable  obstructions,  climate,  thennal  noise,  and 
foliage. 

Modeling  Approach 

Communications  on  a  digitized  battlefield  are  principally  data 
communications.  The  Army  has  developed  a  data  communi¬ 


cations  standard,  M1L-STD-188-220A,  which  has  been 
selected  as  the  objective  protocol  for  digitizing  the  battlefield. 
MIL-STD-188-220A  will  be  used  in  conjunction  with 
commercial  Internet  protocols  to  provide  seamless  connectiv¬ 
ity  on  the  digital  battlefield.  The  communications  functions 
of  MIL-STD-1 88-220A  fall  within  five  of  the  seven  layers  of 
the  open  system  interconnect  (OSl)  model  (Figure  8). 

In  addition  to  detailed  representations  of  the  network  and 
transport  layers,  the  CAC2  SPM  includes  detailed  models  of 
the  physical  and  link  layers  which  are  used  to  assess  the 
impact  of  the  physical  environment  and  link-layer  counter¬ 
measures  on  the  higher  layer  protocols.  This  is  in  contrast  to 
previous  network  simulations  which  focused  on  measuring 
throughput  and  grade  of  service  (GOS)  as  a  function  of 
network-  and  transport-layer  protocols.  Inclusion  of  error 
bursts  increase  the  fidelity  of  the  models  and  allow  a  more 
complete  evaluation  of  communications  system  perfonnance. 

Planned  enhancements  to  the  physical-layer  models  include 
modifying  them  to  apply  errors  from  an  error-burst  model 
(rather  than  internally  generated  random  errors)  to  the 
transmission  frame.  This  will  produce  a  more  accurate 
representation  of  synchronization  and  bit  errors  in  the  various 
frame  fields. 

The  performance  of  the  physical-layer  model  has  a  direct 
effect  on  the  behavior  of  the  link  layer.  If  the  burst  errors  in  a 
given  scenario  occur  frequently  enough  to  cause  significant 
changes  in  message-loss  characteristics,  values  selected  for 
analysis  in  the  model,  such  as  retransmission  parameters, 
may  need  optimization. 

Time-out  delays  and  maximum  number  of  retransmissions  in 
a  network  should  ideally  be  functions  of  both  the  volume  of 
traffic  and  the  frequency  of  transmission  errors.  For 
example,  increased  traffic  volume  will  result  in  increased 
delays  in  both  message  transmissions  and  in  the  time  taken 
for  acknowledgments  to  be  received.  Time-out  values  for 
retransmission  may  therefore  have  to  be  increased  to  prevent 
unnecessary  retransmissions.  If  the  dominant  source  of 
delays  in  a  network  is  the  retransmission  of  lost  messages  and 
acknowledgments  on  error-prone  links,  however,  the 
implication  is  different.  In  that  case,  it  may  be  advisable  to 
decrease  the  time-out  values  and  increase  the  maximum 
number  of  retransmissions,  thereby  increasing  the  number  of 
opportunities  to  successfully  transmit  the  information  in  a 
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Figure  5.  Multiple  Received  Components  for  One 
Transmitted  Signal 


Received  Signal, 
dB  Relative  to 
RMS  Value 


Figure  6.  On-the-Move  Signal  Variation 


given  time  period. 

Analysis  of  a  variety  of  scenarios  should  be  performed  to 
optimize  values,  such  as  retransmission  parameters,  impacted 
by  the  incorporation  of  burst-error  effects.  For  example, 
values  can  be  obtained  for  these  parameters  with  respect  to 
low,  medium,  and  high  values  of  transmission  errors  (or 
traffic  volume).  These  values  could  then  be  dynamically 
selected  for  individual  networks  in  a  simulation  as  conditions 
change,  resulting  in  improved  system  perfonnance. 

Above  the  data-link  layer,  end-to-end  message  accountability 
is  the  primary  concern  (other  than  the  increased  delays 
associated  with  message  retransmissions)  regarding  messages 
lost  on  a  link.  Communications-channel  modeling  including 
all  of  the  needed  OTM  communications  dynamics  is  essential 
for  successful  end-to-end  network  performance. 

Integrated  Terrain  Environment  Multipath  Model 

Representation  of  the  tactical  environment  requires  determin¬ 
istic  and  stochastic  models.  Simulation  of  moving  platforms 
dictates  detenninism  regarding  the  terrain  between  moving 
platforms.  If  the  platforms  move  in  such  a  way  that  a 
platform  comes  between  them,  the  hill  must  be  described 
accurately  and  detenninistically.  Multipath  effects  from  a 
stochastic  model  are  added  to  the  deterministic  effects. 
Sufficient  computing  power  is  not  available  to  detenninisti- 


Time 


Figure  7.  Error-Burst  Variability 


cally  describe  the  effects  of  every  tree,  vehicle,  building, 
cliff,  or  hill  in  the  neighborhood  of  the  two  platfonns  and  in 
the  area  of  the  path  between  them.  One  of  the  advances  of 
the  modeling  described  in  this  paper  is  in  the  integration  of 
the  detenninistic  and  stochastic  effects.  ITEMM  uses  a  mix 
of  deterministic  and  stochastic  models  to  produce  realistic 
communications  effects  to  determine  data  transport  reliabil¬ 
ity. 

ITEMM  is  a  generic  single-link  radio  model,  adapted  for  use 
in  the  CAC2  SPM,  that  provides  detailed  communications 
realism  by  simulating  communications  environments  and 
problems  that  exist  in  the  field.  These  include  signal  fades 
from  destructive  multipath  effects,  error  bursts,  signal 
propagation  blockage  due  to  terrain  shadowing,  moving 
platfonns,  and  other  factors  affecting  received  signal 
strength.  The  model  is  capable  of  determining  real-time 
OTM  communications  effects  that  degrade  system  perfor¬ 
mance.  As  shown  in  Figure  9,  ITEMM  provides  dynamic 
terrain  loss  calculations  for  the  CAC2  SPM.  During  the 
simulation,  as  the  platforms  move  across  the  terrain,  ITEMM 
calculates  terrain  loss  on  a  message-by-message  basis  and 
returns  a  value  for  received  power  to  the  radio  submodels. 
ITEMM  is  designed  for  plug-and  play  simulation,  and  is 
capable  of  providing  propagation  effects  for  a  variety  of 
wavefomis.  ITEMM  allows  the  user  to  define  physical-and 
link-layer  parameters  (including  radio  attributes  and 
countermeasures)  of  many  different  radios  and  select 
trajectories  and  speed  of  communications  platfonus  over 
digitized  maps.  Outputs  on  link  performance,  transmission 
delays,  and  message  reception/retransmission  are  provided  to 
other  CAC2  SPM  submodels  while  the  simulation  is  running. 
ITEMM  uses  the  validated  Terrain-Integrated  Rough-Earth 
Model  (TIREM)  model  for  terrain  loss  and  its  multipath 
models  are  based  on  experimentally  validated  Rayleigh 
fading  performance  models  for  mobile  radio  systems  [1,2]. 

ITEMM  was  originally  developed  as  a  stand-along  proof  of 
concept  application.  The  CRS  was  developed  re-using  much 
of  the  ITEMM  code.  Currently  the  CRS  is  being  used 
exclusively  within  the  CAC2  SPM  to  provide  dynamic  terrain 
loss.  As  efforts  to  validate  the  model  using  live  test  data 
continue,  it  is  anticipated  that  ITEMM  will  also  be  used  to 
supply  multipath  and  other  communications  effects  as  part  of 
the  simulation. 
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Conclusions 


Development  of  digital  communica¬ 
tions  systems  for  Force  XXI  requires 
the  use  of  M&S  as  a  cost-effective 
expedient  for  performing  network 
architecture  analysis  and  design. 

The  CAC2  SPM  is  an  effective 
systems  engineering  tool  to  develop 
and  evaluate  the  systems  and 
technical  architectures  that  support 
Force  XXL  The  capability  of  the 
CAC2  SPM  to  faithfully  represent 
the  physical  and  link  layers  of  the 
protocol  stack  and  their  impact  on 
the  higher  layers  provides  accurate 
detennination  of  system  perfor¬ 
mance.  The  success  of  the  highly 
mobile  forces  of  Force  XXI  will 
depend  on  the  capability  to  commu¬ 
nicate  OTM.  The  CAC2  SPM  will 
support  the  development  of  these 
capabilities  by  accurately  represent¬ 
ing  the  physical  propagation 
environment  and  identifying 
appropriate  countermeasures. 
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DISCUSSION 


Discusser’s  name:  K.  Craig 

Comment/Question: 

Is  your  propagation  channel  simulation  using  the  TIREM  model? 

Author/Presenter’s  reply: 

Yes.  The  path  loss  is  calculated  by  TIREM  instantaneously  on  the  move,  as  the  vehicles  move  in 
a  terrain. 


Discusser’s  name:  J.  Harvey 


Cemment/Question; 

Hovu  did  you  determine  what  surfaces  provided  the  reflection  for  the  multipath?  Did  you  use  some 
form  of  ray  tracing? 


Author/Presenter’s  reply: 

The  model  does  not  account  for  any  surface  coefficient  i.e.  reflection  coefficient.  Multipath 
calculations  are  performed  using  empirical  relations  and  the  path  loss  due  to  multipath  is  added 
to  the  path  loss  due  to  terrain. 


We  do  not  use  any  form  of  ray  tracing  in  this  model. 
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LAB  /  PTI  /  GER 
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1.  SOMMAIRE 

La  propagation  dans  le  canal  ionospherique  est  de  type  multi- 
trajets  et  evolutive  dans  le  temps.  11  en  resulte  une 
degradation  des  transmissions  via  ce  milieu,  accentuee  par 
les  dijferents  bruits  et  brouilleurs  presents  dans  la  gamme 
decametrique. 

L’etalement  temporel  de  ces  trajets  reduit  la  rapidite  de 
modulation  utilisable.  Pour  atteindre  des  debits  de  2400  bits/s 
tout  en  conservant  une  vitesse  de  modulation  faible,  on 
repartit  I  ’information  sur  un  grand  nombre  de  sous-canaux. 
Cette  technique  du  multiplexage  frequentiel  orthogonal 
autorise  le  chevauchement  des  spectres  d’un  grand  nombre  de 
sous-canaux.  En  y  associant  un  codage  convolutif  correcteur 
d’erreur  et  une  demodulation  coherente  basee  sur  le  critere 
du  maximum  de  vraisemblance  a  posteriori,  nous  obtenons  le 
systeme  de  transmission  decrit  dans  cet  article. 

Dijferents  systemes  de  protections  ont  ete  mis  en  oeuvre  afn 
de  compenser  les  sources  de  perturbations  dues  au  canal 
ionospherique.  Notre  attention  s’est  particulierement  porte 
sur  I  ‘estimateur  du  canal  pour  la  demodulation  coherente  et 
sur  la  correction  du  decalage  de  frequence  Doppler. 

La  mise  au  point  et  les  premieres  phases  de  validation  de  ce 
systeme  ont  ete  menees  a  I’aide  du  simulateur  de  canal  du 
laboratoire  LAB/PTI/GER  du  CNET  Lannion.  Ce  simulateur 
met  en  oeuvre  des  canaux  soit  synthetises  a  partir  de  modeles 
mathematiques,  soit  mesures  experimentalement  sur  diverses 
liaisons  HF. 

2.  WTRODUCTION 

L’ionosphere,  possedant  la  propriete  de  refracter  les  ondes 
electromagnetiques  de  la  gamme  decametrique,  permet  de 
realiser  des  liaisons  radioelectriques  longues  distances 
(plusieurs  milliers  de  km).  Cependant,  cette  region  est 
constituee  d'un  plasma  dont  la  densite  electronique  est 
mhomogene  et  soumise  a  des  variations  temporelles 
importantes  (surtout  pendant  le  lever  et  le  coucher  du  soleil). 

La  propagation,  au  travers  d'un  tel  canal,  s'effectue  par  trajets 
multiples  (ou  modes).  Chaque  trajet  est  affecte  d'un  decalage 
de  frequence  (effet  Doppler),  d'une  dispersion  en  frequence  et 
d'attenuations  diverses.  De  meme  le  champ  magnetique 
terrestre,  introduit  lure  depolarisation  de  I'onde  emise,  et  cree 
deux  modes  magnetoioniques  appeles  mode  ordinaire  et 
extraordinaire.  Toutes  ces  caracteristiques  sont  a  I'origine  de 
fluctuations  rapides  affectant  I'amplitude  et  la  phase  des 


signaux  re9us  apres  propagation  par  voie  ionospherique.  Les 
evanouissements  en  temps  et  en  frequence  qui  en  resultent, 
allies  a  la  presence  de  bruits  et  de  brouillages  (naturels  et 
artificiels)  de  forts  niveaux  degradent  de  fa9on  importante  les 
transmissions  via  ce  canal. 

Ces  difierents  phenomenes  ont  le  plus  souvent  limite  les 
transmissions  numeriques  ionospheriques  a  des  debits  de 
quelques  centaines  de  bits  par  seconde.  Cependant,  malgre 
I'existence  de  systemes  de  communication  plus  performants  et 
oflrant  des  debits  superieurs,  le  canal  ionospherique  dispose 
d'atouts  non  negligeables: 

-  L'omnipresence  du  canal  autour  du  globe  terrestre  et  sa 

quasi-indestructibilite. 

-  La  simplicite  et  le  cout  modeste  des  equipements  a 

mettre  en  place. 

Ainsi,  I'objectif  de  cette  etude  est  la  realisation  d'un  systeme 
de  transmission  numerique  par  voie  ionospherique,  au  debit 
de  2400  bits  par  seconde,  tout  en  respectant  une  bande  utile 
normalisee  de  2,3  kHz. 

Dans  cet  article,  on  presente  tout  d'abord  le  principe  d'un 
modem  numerique  optimise  pour  le  canal  ionospherique  au 
debit  souhaite.  Differentes  techniques  utilisees  pour 
I'estimation  de  la  function  de  transfert  du  canal  sont  ensuite 
decrites,  et  notamment  celles  utilises  pour  le  calcul  et  le 
recalage  des  ecarts  de  frequence  entre  emetteur  et  recepteur 
(effet  conjoint  des  derives  entre  les  deux  systemes  et  de  I'effet 
Doppler  ionospherique  ).  Enfm  nous  presenterons  le  precede 
de  simulation  utilise  pour  qualifier  les  caracteristiques  du 
modem.  Ceci  sera  illustre  par  des  resultats  de  simulations 
obtenus  a  partir  de  reponses  impulsionnelles  ayant  ete  soit 
synthetisees  par  un  generateur  de  canal,  soit  mesurees  par  un 
analyseur  de  liaisons. 

3.  LE  SYSTEME  DE  TRANSMISSION 

3.1  L’O.F.D.M.  (Orthogonal Frequency  Division 
Multiplexing) 

L'idee  de  base  consiste  a  repartir  I'information  sur  un  grand 
nombre  de  sous-porteuses,  tout  en  conservant  une  vitesse  de 
modulation  faible  afin  de  respecter  la  bande  de  coherence  du 
canal.  De  tels  systemes,  deja  etudies  dans  les  annees  60, 
presentaient  une  importante  complexite  technique  pour 
I'epoque.  Aujourd'hui,  le  developpement  de  processeurs  dedies 
au  traitement  du  signal  et  I'utilisation  d'operateurs  comme  la 
FFT  permettent  d'en  simplifier  grandement  la  realisation. 
Cette  technique  a  deja  ete  presentee  en  1989  pour  le  DAB 
pour  le  canal  radio-mobile. 


*  Les  travaux  presentes  se  poursuivent  actuellement  avec  le  concours  du  laboratoire  Signal  et  Communication  de  Telecom  Bretagne. 


Paper  presented  at  the  AGARD  SPP  Symposium  on  “Digital  Communications  Systems:  Propagation  Ejfects, 
Technical  Solutions,  Systems  Design",  held  in  Athens,  Greece,  18-21  September  1995  and  published  in  CP-574. 
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Cette  technique  du  multiplexage  frequentiel  orthogonal  [2] 
permet  le  chevauchement  des  spectres  des  differents  sous- 
canaux,  sous  reserve  de  respecter  la  relation  d'orthogonalite 
(voir  figure  1)  liant  la  duree  du  symbole  Tu  a  I'espacement 
entre  les  canaux  AF; 

Tu=l/AF  (1) 

Le  choix  de  Tu  est  fonction  de  la  bande  de  coherence  en 
frequence  du  milieu  de  transmission  et  doit  etre  tres  superieur 
a  I'etalement  de  la  rdponse  impulsioimelle  du  canal. 


-figure  1:  Representation  temporelle  et  frequencielle- 


Afin  de  combattre  les  interferences  entre  symboles,  on  insere 
entre  chaque  symbole  un  intervalle  de  garde  Tg  de  duree 
superieure  a  I'etalement  temporel  de  la  reponse 
impulsioimelle.  Chaque  trame  emise  est  done  composee  d'un 
intervalle  de  garde  (Tg)  suivi  du  symbole  (Tu).  La  duree  totale 
du  symbole  est  ainsi:  Ts  =  Tg  +  Tu. 


Le  signal  6mis  est  done: 


x(t)  =  Re 


-i-co  2_ 


(2) 


et: 


2  j  Jilt 

0-]^e  si 

0  ailleurs. 


(3) 


L:  la  frequence  centrale  du  spectre 
N-+-1:  le  nombre  de  sous-canaux 

Xki:  le  symbole  de  la  constellation  auquel  est  associe 
I'amplitude  et  la  phase  du  "1  sous-canal  durant  le 
"k intervalle  de  temps. 


La  constellation  pour  chaque  porteuse  correspond  a  unc 
modulation  a  quatre  etats  de  phase.  En  effet,  il  est  preferable 
de  travailler  avec  une  constellation  de  signaux  d'amplitude 
constante,  car  d'importants  evanouissements  peuvent 
apparaitre  sur  le  canal  ionospherique. 

Dans  ce  cas  d'un  syteme  de  transmission  parallele,  I'utilisation 
de  la  bande  est  optimale  (voir  figure  1).  En  effet,  plus  on 
utilise  de  porteuses,  plus  le  spectre  du  signal  tend  vers  le 
spectre  ideal  plat. 


3.2  Modulateur  et  demodulate™  O.F.D.M. 


Au  signal  x(t)  correspond  la  suite  d'echantillons  Xnjt.  Cet 
echantillon  est  le  "n  point  composant  le  "k  symbole. 


Si  on  etudie  le  "k symbole,  on  obtient: 

N 

/  N  +y  2izjr,l 

2 

n  =  0,  1,2,3...  M-1;  M^N+1 

H  comprend  N+1  sinusoides  modulees  par  N+1  valeurs 
complexes,  Xi  appartenant  a  la  constellation  de  la  modulation 
de  phase  choisie.  La  suite  de  M  valeurs  Xk  represente  un 
symbole  OFDM  dans  le  domaine  temporel. 

On  pent  creer  le  signal  Xn  a  partir  d'une  transformee  de 
Fourier  discrete  inverse.  En  effet  on  jreut  ^crire: 

Xn  =  TFD-'m  (X)  (5) 

avec:  X={Xo,  Xi,...,  Xi,  0,...,  0,  X.i, ...,  X.2,  X.,}. 


Cette  operation  assure  I'orthogonalite  du  systeme.  Dans  le  cas 
ou  M  est  une  puissance  de  2,  le  calcul  de  la  FFT  inverse  pent 
etre  efficacement  implante  sur  un  DSP. 


Soit  Hi  la  valeur  de  la  fonction  de  transfert  du  canal  de 
transmission  sur  le  1“"'  sous-canal  et  soit  Wn  I'enveloppe 
complexe  d'un  bruit  blanc  additif  gaussien.  Alors  I'enveloppe 
complexe  du  signal  re9u  correspondant  au  "k  symbole  et 
en  absence  de  decalage  de  frequence  et  apres  echantillonnage 
s'ecrit: 


+  2  2  irj  nl 

Y^HiXie  "  +W 


2 


n 


(6) 


n  =  0, 1,2,  3...  M-1; 


La  demodulation  de  ce  signal  se  fait  par  I'operation  inverse, 
e'est  a  dire  par  la  TFD  appliquee  a  la  sequence  yn  re^ue,  soit: 

TFD(yn)  =  Yi  =  HiXi+Wi  (7) 

Dans  le  cas  d'un  canal  multi-trajets,  on  insere  un  temps  de 
garde  superieur  a  I'etalement  de  la  reponse  impulsioimelle. 
Cette  protection  evite  I'apparition  d'interferences  entre  les 
differents  symboles  O.F.D.M.  Le  temps  de  garde  est  cree  par 
simple  recopie  des  demiers  elements  au  debut  de  la  sequence. 
Le  signal  final  emis  est  compose  de  M+Mg  elements: 

avec:  x={xM.Mg,-.XM-2,XM.i,x«,  xi, ...,  x-m-i,  Xm}.  (8) 

A  la  reception,  la  sequence  Xo  ...  Xm  est  transformee  par  FFT. 
On  suppose  la  synchronisation  realisee  a  ce  stade  du 
recepteur.  Dans  ce  cas  et  en  absence  de  decalage  de  frequence 
entre  le  signal  emis  et  le  signal  re9U,  la  FFT  est  equivalente  a 
un  ensemble  de  filtres  adaptes  aux  signaux  emis  sur  chaque 
porteuse. 

De  plus,  la  frequence  d'echantillonnage  du  modulateur  et  du 
demodulateur  doit  respecter  la  relation  (1)  afin  de  conserver 
I'orthogonalite  du  systeme,  soit: 

Techantfllonnage  1/  M  AF  =  Tu  /  M  =  Tj/  (M  +  Mg)  (9) 
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3.3  CODAGE  CANAL 


Generalement,  les  donn^es  numeriques  subissent  a  remission 
un  encodage  qui,  au  prix  d'une  redondance  d'information, 
renforce  I'aspect  d'unicite  du  message  a  transmettre. 

Le  codage  choisi  est  un  codage  de  type  convolutif  [3]  auquel 
on  associe  une  cellule  d'entrelacement  pseudo-aleatoire  afm 
d'ameliorer  le  caractere  d'independance  des  erreurs  a  la 
reception.  Le  decodage  se  fera  selon  le  critere  du  MAP 
(Maximum  de  vraisemblance  A  Posteriori). 

Dans  le  cas  d'une  modulation  de  phase  [4]  et  dun  bruit  blanc 
additif,  il  consiste  a  maximiser  I’expression  suivante: 


Z  L 

k=-xl=-Np 


Re 


(10) 


avec: 

Jtl :  symbole  dmis  sur  le  1™'  sous  canal. 

YI  :  symbole  refu  sur  le  1™’'^  sous  canal. 

Hi :  expression  conjuguee  de  la  valeur  de  la  fonction  de 
transfer!  du  1“"'^  sous  canal  correspondant  au  k““^  symbole. 
Ng :  densite  spectrale  bilaterale  de  puissance  du  bruit 
blanc  additif 


Le  processus  de  decodage  realise  une  maximisation  de  cette 
expression  sur  la  totalite  de  la  sequence  re^ue  ou  sur  une 
partie,  sinon  le  retard  de  decodage  est  trop  important.  D 
determine  le  meilleur  des  chemins  possibles  dans  le  treillis  du 
code  convolutif,  en  utilisant  leur  vraisemblance  pour  critere. 

Dans  le  cas  d'un  canal  selectif  en  frequence,  la  valeur  de  H 
pour  certains  sous-canaux  devient  faible,  done  sa  contribution 
au  critere  de  decision  est  faible.  En  cas  de  distorsion  de  phase 
due  au  canal  de  transmission,  I'utilisation  de  I'expression 
conjuguee  dans  le  critere  de  decision  corrige  cette  variation. 


20  40  60  80 

a)-  Fonction  de  transfert  du  canal  (en  dB) 


b)-  Dephasage  introduit  par  le  canal  (en  °). 


Ceci  est  illustre  sur  la  figure  2.  La  figure  2-a  represente  le 
module  de  deux  fonctions  de  transfert  du  canal:  celle  de  debut 
et  celle  de  fin  de  transmission.  Ce  canal  comprend  deux 
trajets  d'amplitude  relative  1  et  0,5  (evanouissement  de  6  dB) 
avec  un  decalage  de  frequence  relatif  de  0.5  Hz  enfre  les  deux 
trajets.  La  figure  2-b  presente  le  dephasage  introduit  par  le 
canal  en  debut  et  en  fin  de  transmission.  La  figure  2-c 
represente  la  constellation  du  signal  re9u,  et  la  figure  2-d 
illustre  la  constellation  obtenue  apres  compensation  par  la 
fonction  de  transfert. 

L'utilisation  d'un  systeme  de  decodage  a  decision  douce 
pennet  de  dormer  plus  d'importance  aux  points  de  fortes 
valeurs,  e'est  a  dire  aux  porteuses  n'ayant  pas  ete  attenuees. 

Cette  technique  nous  impose  de  realiser  pour  chaque  trame 
une  estimation  de  la  fonction  de  transfert  du  canal  de 
transmission. 

3.4  Estimation  DE  lA  FONCTION  DE  TRANSFERT 

On  reserve  certains  sous-canaux  non  plus  pour  transmettre  des 
donnees  mais  comme  frequences  de  references.  Ces 
references,  disposees  a  espacement  regulier,  permettent  de 
realiser  I'estimation  de  la  fonction  de  transfert  du  canal  [5]. 
L'utilisation  de  references  reduit  le  debit  transmissible,  mais 
permet  de  realiser  une  demodulation  coherente. 

La  disposition  des  references  a  intervalles  reguliers  permet  de 
realiser  un  echantillonnage  de  la  fonction  de  transfert  du 
canal.  A  I'emission,  K  porteuses  de  reference  sont 
positionnees  parmi  les  N  porteuses  utiles.  En  reception  apres 
la  FFT,  on  isole  ces  K  points  et  Ton  effectue  une  interpolation 
afm  de  disposer  d'une  estimation  de  la  fonction  de  transfert  du 
canal.  Le  nombre  de  references  necessaires  est  fonction  de 
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I'etalement  temporel  maximal  de  la  reponse  impulsionnelle  du 
canal  (Tcmax)  et  de  la  duree  du  temps  utile. 

Ainsi : 

K>N.TCniax/Tu  (11) 


4.  SYSTEME  DE  CORRECTION 


Le  k™’”'  element  de  la  TFD  peut  s'ecrire  selon  3  composantes: 


Nsin\—\ 

V  yNJj 


4.1  Synchronisation 

Cette  operation  consiste  a  determiner  I'emplacement  de 
I'echantillon  xo  dans  (8),  afin  d'eviter  I'interference  entre 
symboles. 

On  insere,  a  intervalle  regulier,  parmi  les  trames  COFDM 
deux  series  complementaires  [6]  Sl(i)  et  S2(i)  de  longueur  N, 
La  somme  des  deux  fonctions  d'autocorrelation  a  pour 
particularite: 

J  =  0 

D,  =  f^S2{j)S2{j+i)  (12) 

j=o 

fC,. +Z),  =  0  si  i  ^0 
avec  1 

1  C„+D,=2N 

Ces  deux  sequences  etant  emises  si  I'on  calcule  la  correlation 
en  reception,  on  obtient  la  reponse  impulsionnelle  du  canal,  ce 
qui  permet  de  determiner  la  position  du  debut  des  trames. 


Cette  premiere  valeur  represente  le  symbole  de  modulation  Xk 
affecte  par  la  fonction  de  transfert  du  canal  de  transmission.  U 
apparait  une  reduction  d'amplitude  et  un  decalage  de  phase 
directement  lies  au  decalage  de  frequence. 

Le  second  terme  represente  I'interference  entre  porteuses  due 
a  la  perte  d'orthogonalite  du  systeme. 


Le  troisieme  terme  est  I'influence  du  bruit  sur  la 
demodulation. 

Moose  [7]  a  calcule  le  rapport  signal  a  bruit  equivalent  en 
sortie  de  la  FFT  pour  un  systeme  OFDM  dans  le  cas  d'un 
canal  a  bruit  blanc  additif  et  avec  im  decalage  de  frequence. 
Ce  calcul  prend  en  compte  I'interference  entre  porteuses  due 
au  decalage  de  frequence  ainsi  que  le  rapport  signal  a  bruit 
Ec/No  en  entree  de  la  FFT. 


Dans  le  cas  du  canal  ionospherique,  differents  criteres  sont  a 
prendre  en  compte: 

-  Insertion  d'un  temps  de  garde  entre  les  deux 
sequences  afin  d'eviter  I'interference  entre  symboles 
due  a  I'etalement  de  la  reponse  impulsioimelle. 

-  Au  cours  de  la  transmission  de  la  trame  de 
synchronisation,  le  canal  doit  pouvoir  etre  considere 
comme  statioimaire. 

-  Le  canal  etant  evolutif  dans  le  temps,  I'intervalle  de 
temps  separant  deux  trames  de  synchronisation  doit 
permettre  de  visualiser  ces  variations,  il  doit  etre 
inferieur  au  temps  de  coherence  du  canal. 

4.2  Correction  DE  FREQUENCE 

Dans  la  suite,  on  etudie  le  cas  d'un  canal  de  transmission  de 
fonction  de  transfert  H(f),  affecte  d'lm  decalage  de  frequence 
relatif  e.  Le  bruit  est  additif  blanc  et  gaussien.  De  plus,  on 
suppose  que  le  decalage  de  frequence  relatif  est  inferieur  ou 
egal  a  la  moitie  de  I'espacement  entre  les  porteuses  et  que  la 
synchronisation  est  realisee,  dans  ce  cas  (6)  s'ecrit: 

2  Tt  j  n{k+E) 

^Ai)  ^  ('« 


La  demodulation  consiste  a  calculer: 

N-I  2iTjnk 

(14) 

n=0 


La  figure  3  illustre  ce  resultat  en  presentant  le  rapport  signal  a 
bruit  en  sortie  de  FFT  pour  des  valeurs  de  Ec/No  en  entree  de 
10, 15  et  20  dB. 


-Figure  3-  SNRequivaient  (en  dB)  en  fonction  £  - 

On  remarque  que  les  degradations  deviennent  rapidement 
importantes.  Pour  compenser  ce  phenomene.  Moose  [7] 
propose  d'emettre  pour  chaque  symbole  OFDM  deux  fois  la 
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sequence  des  points.  Ces  deux  sequences  subissent  les  memes 
deformations,  c’est  a  dire  le  meme  decalage  de  frequence,  a 
condition  de  pouvoir  considerer  le  canal  stationnaire. 


C'est  cette  seconde  valeur  e2  qui  permet  d'affiner  I'estimation. 
De  plus,  elle  est  effectuee  sur  im  nombre  plus  important  de 
porteuses,  ce  qui  permet  de  reduire  sa  sensibilite  au  bruit. 


La  contribution  de  I'interference  entre  porteuses  (16)  etant 
identique  sur  ces  deux  sequences,  seule  la  rotation  de  phase 
due  au  decalage  de  frequence  et  la  deformation  due  au  bruit 
intervieiment  entre  les  deux  signaux  demodules  (  Ylk,  Y2k  ) 
correspondant  au  symbole  k. 

A  partir  de  cette  constatation,  I'estimateur  k  maximum  de 
vraisemblance  de  e  est: 


e  —  — tan 
2k 


J^In{Y2,Yi:) 


Y^Re(Y2Ji;) 


(17) 


L'estimation  du  decalage  de  frequence  est  limite  a  +/-  1/2  Af, 
avec  Af  espacement  entre  les  porteuses. 


Le  decalage  de  frequence  est: 


Ek  =  ek-i  +  El -I- 82  (19) 

Pour  la  methode  de  correction  presentee  ici,  la  repetition  du 
symbole  n'est  pas  necessaire.  La  perte  de  debit  n'est  plus  de 
50%  mais  directement  liee  au  rapport  entre  les  porteuses  de 
references  et  les  porteuses  de  dormees.  Cette  perte  est  par 
ailleurs  de  toute  fa^on  necessaire  pour  realiser  l'estimation  de 
la  fonction  de  transfert. 

Les  limites  de  cet  algoritlune  etant  de  +!-  1/2  Af,  il  est 
preferable  de  ne  I'utiliser  que  pour  effectuer  une  poursuite  des 
fluctuations  possibles  du  decalage  de  frequence.  Un 
preambule  sera  emis  en  debut  de  transmission  afin  d'initialiser 
I'algorithme. 

5.  LE  DISPOSITIF  D'EVALUATION 


Le  defaut  principal  de  cette  methode  est  de  neccessiter  la 
repetition  des  symboles,  ce  qui  reduit  le  debit  utile  de  moitie. 
De  plus,  le  domaine  de  validite  de  I'estimation,  etant  limite  a 
+/-  1/2  Af,  cela  ne  permet  pas  d'estimer  de  fortes  valeurs  de 
Doppler. 

Cette  methode  est  basee  sur  la  recherche  du  dephasage  moyen 
obtenu  entre  les  porteuses  de  deux  symboles  identiques  emis 
consecutivement.  A  partir  de  cette  constatation,  nous  realisons 
notre  estimation  en  deux  etapes. 

Dans  un  premier  temps,  on  isole  les  porteuses  de  reference  du 
reste  du  signal.  Ce  sous  ensemble  n'etant  pas  utilise  pour 
transmettre  de  I'information,  reste  identique  pour  chaque 
frame  OFDM.  L'algorithme  de  Moose  permet  done  d'obtenir 
si  une  valeur  approchee  du  decalage  de  frequence.  En  effet, 
I'interference  des  porteuses  utiles  dues  au  decalage  de 
frequence  n'est  pas  identique  d'un  symbole  a  I'aufre  dans  le  cas 
present  et  vient  biaiser  l'estimation.  De  plus,  cette  valeur  etant 
calculee  sur  un  nombre  reduit  de  porteuse  reste  sensible  au 
rapport  signal  a  bruit. 


5. 1  Le  Disposrnr  d'evaluation 

Afin  de  proceder  a  une  etude  approfondie  du  canal  de 
transmission  ionospherique  sur  des  liaisons  experimentales, 
un  analyseur  de  liaisons  HF  a  ete  con5u  et  realise  au 
departement  GER  du  CNET  Lannion  [8]. 

Ce  systeme  permet  de  mesurer  simultanement : 

-  la  reponse  impulsionnelle  du  canal  dans  une  bande 
utile  de  10  kHz  avec  une  periode  de  reactualisation 
d'une  dizaine  de  millisecondes. 

-les  difierents  paramefres  de  la  propagation  dans  une 
bande  utile  de  50  kHz. 

Les  paramefres  mesures  sont  principalement  les  temps  de 
propagation  de  chaque  frajet  et  pour  chacun  d'eux, 
I'attenuation  relative,  la  phase  instantanee  et  le  decalage  de 
frequence  Doppler.  Ce  dernier  est  obtenu  par  des  analyses 
specfrales  non-lineaires  et  permet  souvent  de  distinguer  les 
deux  modes  magnetoioniques  propages,  lorsque  ceux-ci  sont 
confondus  en  temps  de  groupe. 


On  remarque  que  ce  biais  sera  d'autant  plus  faible  que  le 
decalage  de  frequence  est  lui-meme  faible.  II  est  done 
preferable  de  compenser  le  signal  re9U  par  I'estimation 
realisee  au  cours  du  symbole  precedant  avant  de  commencer 
Celle  ci.  Ainsi,  seul  la  variation  du  decalage  de  frequence  sera 
estime.  Cette  correction  etant  realisee  pour  chaque  symbole  de 
fa9on  iterative,  I'influence  de  I'interference  entre  porteuses 
tendra  a  diminuer,  voire  a  devenir  insignifiante. 

La  compensation  entrant  dans  le  processus  iteratif  s'efiectue 
comme  suit: 

C^orrection  des  porteuses  utiles  par  e1,  calcul  de  Y^  et 

Yi^_, ,  estimations  des  symboles  emis  a  I'instant  k  et  k-1 . 

Calcul  de: 


e2  =  — tan 
2k 


t  H 

k=-K 

[^k-i  ^k-i  Yk  Yk ) 

(18) 


Le  principe  de  I'analyseur  de  liaisons  et  du  reproducteur  de 
canal  sont  representes  en  figure  4. 
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En  effet,  I'analyse  des  performances  reelles  du  systeme  de 
transmission  necessite  de  disposer  d'un  modele  le  plus 
representatif  possible  du  canal.  Cependant  aucun  modele  ne 
permet  actuellement  de  decrire  de  maniere  complete  les 
differents  phenomenes  de  propagation  caracterisant  le  milieu 
ionospherique  (limitations  du  modele  CCIR). 

Ainsi  done  nous  avons  retenu,  pour  realiser  les  simulations  de 
transmissions  et  se  rapprocher  au  mieux  des  conditions  reelles 
de  transmission,  une  mdthode  de  simulation  basee  sur  le 
principe  de  "reproduction  de  canal  de  transmission"  [9].  Cette 
approche  conduit  a  utiliser  des  sequences  de  reponses 
impulsionnelles  mesurees  par  I'analyseur  sur  des  liaisons 
experimentales. 

Ces  enregistrements  de  repbnses  impulsionnelles  sont  ensuite 
exploites  en  laboratoire  pour  reproduire  fidelement  les 
variations  introduites  par  I'ionosphere  sur  les  signaux  qui  y 
transitent.  Avec  une  telle  methode  de  simulation,  nous  nous 
rapprochons  des  conditions  pouvant  etre  rencontrees  lors  d'une 
exploitation  reelle  sur  liaisons  ionospheriques. 

5.2  CRITERED' EVALUATION 

Le  taux  d'erreur  binaire  ou  TEB  est  le  critere  utilise  ici.  11  est 
evalue  par  une  methode  directe  de  type  Monte-Carlo.  Le 
nombre  d'essais  N  (superieur  a  400.000  informations  binaires 
utiles)  de  la  simulation  est  choisi  de  fafon  a  pouvoir  estimer 
des  probabilites  d'erreur  de  10'^  avec  une  confiance  de  95%  et 
une  precision  relative  egale  a  lO"'^.  Pour  im  canal  unite  a  bruit 
blanc  additif  gaussien,  on  utilise  600  000  points  pour  les 
simulations. 

Le  TEB  est  calcule  comme  etant  la  moyenne  : 

TEB  =  1/N  Eei  (20) 

avec:  ei  =  1  si  une  erreur  apparait  sur  le  i'^^^  bit. 

ei  =  0  si  le  1*^™®  bit  est  correctement  decode. 

6.  SIMULATIONS: 

6.1  Etude  DE  LA  CORRECTION  DE  FREQUENCE 

La  correction  de  frequence  etant  initialisee  a  zero  en  debut  de 
transmission,  la  figure  5  represente  la  rapidite  de  convergence 
de  falgorithme  en  fonction  du  decalage  de  frequence  initial. 
Ce  test  a  ete  realise  pour  differents  canaux.  Les  traits  pletns 
correspondent  a  une  reponse  impulsionnelle  comprennant  un 
trajet  unique  et  les  pointilles  a  un  canal  comprenant  deux 
trajets  d'amplitude  relatives  1  et  0.5  espace  de  1  ms.  Le  signal 
re9u  subit  differents  decalages  de  frequence  (0, 4,  et  8  Hz). 

On  remarque  que  falgorithme  converge  vers  la  valeur  finale 
en  moins  de  5  estimations.  Afm  d'eviter  ce  retard  de 
convergence,  on  pent  emettre  im  preambule  permettant 
d'initialiser  falgorithme  au  debut  de  la  transmission. 

le  bruit  influence  sur  la  precision  de  festimation.  La  figure  6 
permet  de  visualiser  ferreur  quadratique  de  festimation  en 
fonction  du  rapport  signal  a  bruit  en  tete  du  recepteur,  ceci 
represente  la  resistance  au  bruit  du  systeme  d'estimation  du 
decalage  de  frequence. 

Ce  test  a  ete  realise  pour  les  canaux  deeds  precedement. 


-figure  5:  rapidite  de  convergence:  Le  decalage  estime  en 
fonction  du  nombre  de  symboles  emis  - 


-  figure  6-  Erreur  quadratique  de  festimation  en  fonction  du 
rapport  signal  a  bruit  en  entree  du  recepteur. 


On  remarque  que  ferreur  quadratique  est  directement  liee  au 
rapport  signal  a  bruit  quel  que  soit  le  decalage  a  compenser. 
En  effet  la  structure  recursive  utilisee  calcule  ferreur  entre  la 
valeur  estimee  et  la  valeur  reelle.  Apres  son  initialisation, 
ferreur  d'estimation  devient  done  independante  du  decalage  a 
compenser. 

De  plus,  lorsque  falgorithme  a  converge  ,  la  precision  de 
festimation  est  independante  du  canal  dans  les  limites  de 
fonctionnement  du  systeme  (plage  d'estimation,  temps  de 
garde,..).  En  effet  les  traits  pleins  correspondent  a  un  trajet 
unique,  tandis  que  les  pointilles  correspondent  a  im  canal  a 
deux  trajets. 

6.2  Simulations  obtenues  a  partir  de  modules 

6.2.1  Resistance  au  decalage  de  frequence 

Cette  simulation  correspond  a  fetude  du  comportement  du 
systeme  avec  et  sans  la  correction  du  decalage  de  frequence. 
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Pour  cette  etude  on  reprend  les  differents  canaux  definis 
precedement,  soit  a  un  trajet  unique  (voir  figure  7),  soit  a 
deux  trajets  (voir  figure  8).  La  correction  du  decalage  de 
frequence  est  operationnelle  dans  le  cas  des  traits  pleins  et 
deconnectee  pour  celle  en  pointilles. 


4  6  8  10  12  14  16 


■0—  BBAG  - A AC  -  5Hz 

- AC-lOHz  — -K—  SC-SHz 


AC:  Avec  correction  de  frequence. 

SC:  Sans  correction  de  frequence. 

-figure  7-  taux  d'erreurs  binaires  en  fonction  du  rapport  signal 
a  bruit  en  entree  du  recepteur  pour  un  canal  a  1  trajet. 
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■« - BBAG  - a - AC-OHz  - A - AC-5Hz 

- AC  -  lOHz  —  -a  —  SC  -  5Hz 


AC:  Avec  correction  de  frequence. 

SC:  Sans  correction  de  frequence. 

-figure  8-  taux  d'erreurs  binaires  en  fonction  du  rapport  signal 
a  bruit  en  entree  du  recepteur  pour  un  canal  a  2  trajets. 


Dans  le  cas  ou  la  correction  de  frequence  est  operationnelle, 
un  taux  d'erreurs  de  10'^  est  obtenu  pour  8,1  dB  pour  le  canal 
a  bruit  blanc  additif  gaussien  ainsi  que  pour  les  cas  de  trajets 
uniques  affectes  d'un  decalage  de  frequence. 

Sans  correction  de  frequence,  on  remarque  une  rapide 
degradation  des  performances  du  systeme. 

Pour  le  cas  de  deux  trajets  le  TEB  de  10'^  est  obtenue  pour  un 
RSB  de  10,3  dB.  La  difference  des  performances  entre  les 
deux  exemples  est  due  aux  evanouissements  selectifs  en 
frequences  qui  affectent  ce  signal.  Pour  obtenir  de  meilleures 
performances,  il  suffit  d'augmenter  le  rendement  du  codage 
mais  cela  diminue  le  debit  transmis. 

On  remarque  que  le  systeme  a  des  caracteristiques  similaires 
quel  que  soit  le  decalage  de  frequence  (compris  dans  le 
domaine  de  definition  determine  precedement)  pour  un  canal 
donne.  Sans  correction  de  frequence,  des  decalages  de  5  Hz 
font  apparaifre  des  degradations  importantes  (3,1  dB  pour  un 
trajet,  4,1  dB  pour  le  cas  a  deux  trajets). 

6.2.2  Comportement  aui  evanouissements  selectifs 

On  remarque  que  les  performances  du  systeme  se  degradent 
avec  I'apparition  d'un  second  trajet. 

Pour  une  reponse  impulsionnelle  comprenant  deux  trajets 
d'amplitudes  A1  et  A2  (avec  A1>A2)  avec  un  retard 
differentiel  de  propagation  r,  la  profondeur  des 
evanouissements  est  foumie  par  [10]: 

Evanouissement  =  -  20  log  10[1-A2/A1]  (19) 

Sur  la  figure  9  on  represente  les  performances  du  systeme  en 
fonction  de  la  profondeur  des  affaiblissements  selectifs  en 
frequence.  Les  cas  etudies  ont  des  profondeurs 
d'evanouissements  respectifs  de  3dB,  6dB,  12dB  et  infini. 


4  6  8  10  12  14  16  18 


—A— BBAG  — A— EV3dB  — >e-EV6dB 
— ^ — EV  12dB  — @ — EV  infini 


-figure  9-  taux  d'erreurs  binaires  en  fonctions  du  rapport  signal 
a  bruit  pour  differentes  profondeurs  d'evanouissement. 
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6. 3  Simulations  obtenues  a  partir  de  reponses 
IMPULSIONNELLES  MESUREES: 

Les  differents  exemples  etudies  ont  ete  r&lises,  aux  cours 
d'une  campagne  de  mesures  en  decembre  1992,  sur  une  liaison 
experimentale  d'enviion  1000  kms  entre  Toulon  et  Lannion. 
Les  deux  exemples  simules  correspondent  chacun  a  des 
donnees  de  transmission  de  2  minutes,  bien  que  les  reponses 
impulsionnelles  soient  representees  sur  une  periode  de  10  mn. 

6.3.1  Transmission  proche  de  la  MUF 

La  figure  11  represente  les  performances  d'une  transmission 
realisee  a  ime  frequence  proche  de  la  MUF  (Frequence 
Maximale  Utilisable).  En  effet  le  depouillement  des 
ionogrammes  obliques  realises  au  cours  de  cette  transmission 
indique  une  MUF  d'environ  17,5  MHz  tandis  que  la  frequence 
d'analyse  est  15,89  MHz. 

Les  conditions  de  transmission  sont  caracterisees  par  une 
structure  a  deux  ou  trois  trajets  de  propagation  ; 

-  Un  mode  1F2  rayon  bas  ayant  un  temps  de  propagation 
de  3,75  ms  avec  un  decalage  en  frequence  Doppler 
d'environ  -  0,2  Hz  a  -  0,38  Hz. 

-  Un  mode  1F2  rayon  haut  ordinaire  possedant  rm  temps 
de  groupe  de  4,2  ms  et  qui  tend  a  diminuer  en  fin  de 
transmission.  II  est  affecte  par  un  decalage  de  frequence 
Doppler  de  -  0,29  Hz  a  -  0,4  Hz. 

-  Un  mode  1F2  rayon  haut  extraordinaire  que  Ton 
distingue  en  fm  de  transmission. 


Les  evolutions  au  cours  du  temps  des  reponses 
impulsionnelles  utilisees  pour  la  simulation  sont  representees 
sur  la  figure  10  : 


-figure  10:  Reponses  impulsionnelles  de  I'exemple  1- 


On  remarque  de  fortes  variations  temporelles  de  I'amplitude 
relative  du  trajet  principal  et  des  trajets  secondaires.  La 
puissance  instantante  du  signal  subit  done  de  fortes 
variations.  Des  hearts  de  ±  4  dB  entre  la  puissance  moyenne 
du  signal  et  sa  puissance  instantanee  ont  ete  mesures. 

Les  performances  sont  evaluees  en  fonction  du  rapport  signal 
a  bruit  moyen  calcule  sur  la  duree  totale  de  la  simulation.  Le 
taux  d'erreur  sera  done  dependant  des  variations  instantanees 
du  rapport  S/B  par  rapport  a  cette  valeur  moyenne. 

Nous  obtenons  un  taux  d'erreur  de  10"^  pour  un  rapport  S/B  de 
11,8  dB.  Une  observation  de  la  repartition  des  erreurs  non 
presentee  ici  nous  permet  de  remarquer  de  fortes 
concentrations  d'erreurs  pour  les  faibles  valeurs  de  la 
puissance  instantanee. 


— O— Pres  de  la  MUF  — K — Lever  de  soleil 


-figure  1 1  Transmissions  reelles  TEB=f  (RSB)- 

6.3.2  Transmission  lors  d'un  lever  de  soleil 

La  seconde  evaluation  a  ete  realisee  sur  des  mesures 
effectuees  lors  d'un  lever  de  soleil.  La  propagation  subit  de 
fortes  variations  de  temps  de  groupe.  En  effet  les  divers 
modes  propages  sont: 

-  Un  mode  1F2,  rayon  bas  ayant  im  temps  de  propagation 
de  3,67  ms.  Ce  mode  subit  peu  de  variations  de  son  temps 
de  groupe. 

-  Un  mode  1F2,  rayon  haut  ordinaire  dont  le  temps  de 
propagation  varie  de  4,05  ms  a  4,27  ms,  du  debut  a  la  fin 
de  la  transmission.  Cette  variation  est  due  a 
I'augmentation  de  la  MUF  pendant  le  lever  de  soleil. 

-  Un  mode  1F2,  rayon  haut  extraordinaire  dont  le  temps  de 
groupe  varie  de  4,17  ms  en  debut  de  periode  d'analyse  a 
4,37  ms  en  fm  d’analyse. 


Les  reponses  impulsionnelles  utilisees  pour  la  simulation  sont 
representees  sur  la  figure  12. 


-figure  12:  Reponses  impulsioimelles  de  I'exemple  2- 


L'analyse  des  parametres  du  milieu  de  transmission  permet 
d'obtenir  plus  d'informations  sur  les  conditions  de  propagation 
notamment  sur  le  decalage  de  frequence  Doppler. 


50-9 


En  effet,  les  evanouissements  sur  I'enveloppe  du  trajet  IF  bas 
indiquent  la  presence  de  deux  modes  magnetoioniques 
propages.  Ils  sont  confondus  en  temps  de  groupe  mais  ont  des 
Doppler  difierents.  Le  Doppler  differentiel  entre  les  deux 
trajets  varie  de  0,03  Hz  a  0,5  Hz.  Le  decalage  de  frequence 
Doppler  moyen  prend  des  valeurs  de  0,1 5  a  0,765  Hz. 

D'autre  part,  les  rayons  hauts  possedent  des  decalages  de 
frequences  Doppler  plus  importants  ;  0,6  a  0,99  Flz  pour  le 
mode  ordinaire,  et  0,72  a  1,15  Hz  pour  I'autre  mode. 

Comme  precedemment,  la  puissance  instantanee  subit  de 
fortes  variations.  Les  variations  entre  la  puissance  moyenne  et 
la  puissance  instantanee  evoluent  de  +  2,35  dB  a  -  8,61  dB. 

La  simulation  (voir  figure  1 1 ),  nous  donne  un  taux  d'erreur  de 
10‘^  pour  un  rapport  S/B  de  19,2  dB  avec  de  fortes 
concentrations  d'erreurs  pour  les  faibles  valeurs  de  la 
puissance  instantanee. 

7.  CONCLUSION 

Les  performances  du  systeme  de  transmissions  numeriques 
multi-porteuses  presente  ici  ont  ete  obtenues  a  partir  de  deux 
types  de  representation  du  canal  ionospherique.  Le  premier 
type  s'appuie  sur  une  modelisation  analytique  du  canal  tandis 
que  le  second  exploite  des  sequences  de  reponses 
impulsionnelles,  mesurees  sur  des  liaisons  experimentales. 
Ceci  confere  un  caractere  realiste  aux  resultats  obtenus,  qu'il 
conviendra  de  completer  par  un  test  en  grandeur  reel  du 
systeme  de  transmission,  celui-ci  etant  en  cours  de  realisation. 

Les  premieres  conclusions  sont  que  le  systeme  de 
transmission  semble  bien  adapte  a  la  transmission  de  la  parole 
numerisee  via  le  canal  ionospherique,  des  taux  d'erreur 
d'environ  10'^  etant  toleres  dans  ce  cas.  D'autres  applications, 
comme  la  transmission  de  donnees  sont  egalement  envisagees. 
En  effet  pour  ce  type  de  transmissions,  des  performances 
accrues  peuvent  etre  attendues  par  la  mise  en  oeuvre  de 
techniques  plus  sophistiquees  puisque  les  contraintes  de 
retard  liees  au  temps  de  traitement  n'existent  plus,  comme 
pour  la  parole. 

Ainsi  des  etudes  se  poursuivent  pour  ameliorer  I'estimation  du 
canal  en  presence  de  bruit.  De  meme  les  solutions  concemant 
I'initialisation  de  la  synchronisation  en  temps  du  systeme  et 
I'initialisation  de  la  recuperation  de  porteuses  sont  en  cours 
d'optimisation. 

Enfin,  des  travaux  sont  menes  sur  la  gestion  automatique  de 
frequence  et  la  recherche  de  canaux  clairs  en  bande  HF  pour 
contribuer  a  I'amelioration  de  la  qualite  et  de  la  fiabilite  du 
type  de  transmission  prdsente  ici. 
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DISCUSSION 


Discusser’s  name:  C.  Goutelard 


Comment/Question: 

P0P5@2-vous  utiliser  les  codes  poin9onnes  pour  realiser  une  adaptation  aux  caracteristiques  du 
calcul? 

(Translation: 

Have  you  considered  using  punched  codes  to  enable  adaptation  to  the  calculation 
characteristics?) 


Author/Presenter’s  reply: 


Cette  suggestion  offrirait  en  effet  des  perspectives  interessantes  mais  necessiterait  une  voie  de 
retour, 

Cependant  la  priorite  immediate  a  ete  donnee  aux  tests  de  turbo-codes  en  collaboration  avec 
Telecom  Bretagne  sur  les  liaisons  HF  reelles. 

(Translation: 

This  is  an  interesting  suggestion  but  a  return  path  would  be  needed. 

However,  top  priority  has  been  given  to  the  turbo-code  tests  being  carried  out  in  collaboration  with 
Telecom  Bretagne  on  HF  links  in  use. 
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RESUME 

Le  but  de  cette  presentation  est  de  decrire  I’influence  des 
antennes  et  de  la  propagation  sur  le  comportement  d’une 
liaison  numerique  en  HF.  Compte  tenu  du  caractere  par- 
ticulier  de  la  propagation  en  HF,  nous  illustrons  a  partir 
d’un  modele  de  signal  le  role  que  jouent  les  antennes. 
Une  experimentation  a  ete  mise  en  place  avec  du  mate¬ 
riel  operationnel.  Les  resultats  obtenus  sont  presentes  et 
analyses.  11  est  possible  de  montrer  I’interet  d’un  filtrage 
dit  de  polarisation  equivalent  a  un  traitement  vectoriel 
pour  reduire  le  taux  d’erreur  binaire. 

ABSTRACT 

This  paper  describes  the  influence  of  antennas  and  pro¬ 
pagation  on  the  behaviour  of  H.F.  digital  communication 
links.  We  highlight  the  role  of  the  antennas  with  the  help 
of  a  signal  model  which  takes  into  account  the  particu¬ 
larities  of  propagation  in  the  H.F.  range.  Results  of  an 
experimental  link  are  analysed  and  we  demonstrate  the 
efficiency  of  a  polarization  filtering  ;  this  filtering  proce¬ 
dure  can  also  be  viewed  as  a  vector  processing  technique 
allowing  a  decrease  of  the  BER. 

1  INTRODUCTION 

Les  systemes  de  transmission  en  decametrique  par  voie  io- 
nosphericjne  doivent  tenir  compte  des  aspects  particuliers 
de  la  propagation  dans  cette  gamme  de  frequence  [l][2] : 
nombreux  multitrajets,  decalages  et  etalements  doppler, 
possibilites  de  deux  modes  de  propagation  auxquels  sont 
associes  des  effets  de  polarisations  differents  ayant  une 
consequence  sur  le  comportement  des  antennes. 

L’analyse  des  signaux  issus  de  telles  liaisons  a  fait  I’objet 
de  nombreuses  etudes.  Les  effets  d’antennes  n’y  sont  en 
general  pas  integres  si  ce  n’est  pour  caracteriser  le  bilan 
de  liaison  sous  forme  deterministe  ou  statistique  ;  dans 
ce  cas,  seul  le  diagramme  de  directivite  de  I’antenne  est 
considere  et  non  sa  reponse  complexe. 

Des  modelisations  de  signaux  incluant  la  reponse  com¬ 


plexe  des  antennes  ont  ete  introduites  plus  recemment 
[3][4]  en  vue  d’application  a  la  goniometrie  HF  haute  re¬ 
solution  ;  elles  tiennent  compte  du  type  des  antennes,  de 
leur  lieu  d’implantation  et  de  la  liaison  etudiee. 

L’objectif  de  cet  article  est  de  mettre  en  evidence  cet  effet 
des  antennes  et  de  la  propagation  sur  le  comportement 
d’une  liaison  numerique  reelle.  Dans  une  premiere  par- 
tie,  on  rappelle  un  modele  de  signal  mettant  en  evidence 
le  role  des  antennes  ;  dans  une  deuxicme  partie,  on  de- 
crit  Pexperimentation  mise  en  place  et  enfin  on  analyse 
quelques  resultats  obtenus  ainsi  que  les  consecjuences  qui 
en  decoulent  sur  la  conception  de  systemes  de  transmis¬ 
sion  futurs. 

2  LA  MODELISATION  DES  SIGNAUX  HF 
2.1  Expressions  du  signal  en  sortie  des  antennes 

A  un  instant  <o  pris  comme  reference,  il  est  possible  d’ecrire 
le  signal  resultant  d’une  propagation  par  voie  ionosphe- 
rique  pour  un  mode  k  sous  la  forme  suivante  : 

Skit)  =  Ukit)m{t  -  Tg^)exp{j[uik{t  -  rp^)])  (1) 

Un  mode  k  est  defini  pour  un  trajet  donne  via  une  couche 
ionospherique  et  pour  une  polarisation.  Ainsi,  en  gene¬ 
ral  pour  un  trajet,  deux  modes  de  propagation  sont  pos¬ 
sibles  ;  ils  sont  denommes  les  modes  O  ct  X . 

Dans  I’expression  (1),  Uk{t)  represente  I’amplitude  com¬ 
plexe  du  signal  fonction  de  la  puissance  emise,  du  type 
d’antenne  utilise  a  remission  et  a  la  reception  et  de  I’at- 
tenuation  sur  le  trajet ;  m{t)  caracterise  la  modulation, 
rgk  le  retard  de  groupc,  rp^.  le  retard  de  phase  et  Wk  la 
pulsation  du  signal  re^u  affecte  d’un  decalage  doppler. 
Suivant  les  conditions  de  propagation,  une  dispersion  sur 
TQj.  et  lOk  peut  etre  observee. 

Pour  notre  etude,  nous  pouvons  expliciter  le  terme  Uk{t) ; 
la  relation  entre  onde  electromagnetique  et  signal  se  fait 
par  I  intermediaire  des  antennes  :  I’onde  electromagne¬ 
tique  est  une  grandeur  vectorielle  que  I’antenne  va  trans¬ 
former  en  grandeur  scalaire  reelle  et  vice  versa.  Pour  une 
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liaison  donnee,  en  considerant  emission  et  reception,  on 
pent  done  ecrire  : 

Uk{t)  =  FikGikAk{t) 

on  F,k  et  Gik  caracterisent  les  reponses  complexes  des 
antennes  a  la  reception  (Fjfc)  et  a  remission  {Gik)-  Les 
indices  t  et  I  se  referent  an  type  d’antenne.  A  remission, 
I’antenne  etant  figee,  le  parametre  I  est  ici  inutile. 

Les  reponses  complexes  de  quelques  antennes  HF  ont  ete 
decrites  par  ailleurs  [5] ;  leur  modelisation  est  liee  : 

-  a  leur  type  ; 

-  a  leur  lieu  d’implantation  car  la  reponse  depend  de 
la  polarisation  de  I’onde  incidente  et  done  du  vecteur 
induction  raagnetique  terrestre  le  long  du  trajet ; 

-  a  leur  environnement  et  plus  particulierement  a  la 
nature  du  sol. 

Pour  une  antenne  i  donnee  en  reception,  le  signal  a  la 
sortie  de  cette  antenne  pour  un  mode  k  pent  s’exprimer 
sous  la  forme : 

s^k{t)  =  Ak(t)FikGkm{t  -  Tg^)  exp(j[u;A(t  -  rp^)]) 

11  faut  noter  que  dans  cette  expression  Gk  caracterise 
le  gain  de  I’antenne  d’emission  pour  le  mode  considere 
(et  non  en  polarisation  lineaire).  Lorsque  Ton  a  plusieurs 
modes  pour  une  antenne  i  donnee,  on  a  done  : 

st(t)  =  Y^s,kit) 

k 

Si(t)  etant  fonction  de  Fik,  les  signaux  presents  en  sortie 
des  antennes  sont  fonction  du  type  d’antennes  utilisees. 

2.2  Introduction  de  la  fonction  de  diffusion  du 
canal 

Cette  precedente  modelisation  des  signaux  ne  permet  pas 
toutefois  d’etudier  simplement  I’influence  de  la  reponse 
des  antennes  sur  le  taux  d’erreur  binaire.  D’autres  types 
de  repesentations  peuvent  en  effet  se  reveler  plus  intere- 
santes,  notamment  en  exprimant  la  variabilite  en  temps 
et  en  espace  de  la  reponse  impulsionnelle  du  canal  au 
moyen  d’expressions  analytiques  [6],  ou  sous  forme  de 
sequences  de  mesures  obtenues  sur  des  liaisons  experi- 
mentales  [7].  Une  autre  fagon  pratique  de  proceder  est 
de  supposer  le  canal  stationnaire  au  sens  large  et  de  le 
representer  dans  le  plan  Retard-Doppler,  par  sa  fonction 
de  diffusion  [8].  Toutes  ces  representations  permettent  en 
effet  de  tenir  compte  des  effets  d’antennes  d’emission  et 
de  la  propagation.  Les  antennes  de  reception  sont  egale- 
ment  prises  en  compte  apres  determination  du  Litre  de 
canal  equivalent. 

Nous  representerons  ici  le  canal  ionospherique  par  sa  fonc¬ 
tion  de  diffusion.  Nous  pourrons  alors  obtenir  une  reali¬ 
sation  du  Litre  de  canal  [9]  en  appliquant  : 

(2) 

avec  (/,  t)  la  realisation  du  Litre  de  canal  et 

la  realisation  d’une  quantite  liee  a  la 

densite  spectrale  de  puissance  de  la  maniere 

suivante  : 


Cette  realisation  de  la  densite  spectrale  de  puissance  s’ob- 
tient  a  partir  de  la  fonction  de  diffusion  du  canal  5(t, 
en  la  multipliant  par  la  realisation  d’un  processus 

aleatoire  complexe  r(T,i^).  On  a  done; 

(r,  n)|^5(r,  i^) 

le  processus  aleatoire  r(r, ;/)  etant  quant  a  lui  deLni  de 
la  maniere  suivante  : 


r(r,  n)  =  p)  +  jy{T,  ly)) 


x(r,  ly)  et  y(T,  v)  sont  deux  processus  aleatoires  reels,  gaus- 
siens,  centres  et  de  variance  unitaire.  De  tout  ceci,  nous 
pouvons  deduire  que  le  module  du  processus  r{r,iy)  suit 
une  loi  de  Rayleigh  et  que  sa  phase  est  equirepartie  entre 
0  et  27r  ;  ceci  nous  permet  d’exprimer  I’esperance  mathe- 
matique  des  realisations  de  la  densite  spectrale  de  puis¬ 
sance  par  I’expression  ; 

{P^^\T,iy)}^S{T,,y) 

Nous  pouvons  done,  a  partir  d’une  fonction  de  diffusion 
connue,  reconstruire  une  realisation  du  Litre  de  canal 
en  Litilisant  I’equation  (2)  dans  laquelle  nous  remplagons 
,  ly)  par  la  quantite  suivante  : 

D^^\T,iy)  =  \J S[t,  ly)  (r,  v)  (3) 

Nous  aliens  maintenant  envisager  le  cas  simpliLe  ou  la 
fonction  de  diffusion  5(t,  n)  est  constituee  de  deux  modes 
de  propagation.  En  raison  de  la  linearite  du  Litre  equi¬ 
valent  au  canal  ionospherique,  on  peut  ecrire : 


ou  les  indices  «0»  et  «Xs>  se  rapportent  respectivement 
aux  modes  de  propagation  ordinaire  et  extraordinaire. 
Les  modiLcations  apportees  par  les  effets  des  antennes 
ou  par  un  Lltrage  de  polarisation  peuvent  alors  etre  in- 
troduites  sous  la  forme  d’un  facteur  multiplicatif  com¬ 
plexe  a  dans  I’expression  precedente,  ce  qui  nous  conduit 
a  I’expression  Lnale  suivante  du  Litre  de  canal : 

(/,  t)  =  (/,  t)  +  d  (/,  t)  (4) 


Nous  avons  effectue  des  simulations  affn  de  montrer  le 
lien  entre  le  Litre  de  canal,  la  bande  de  coherence  et  done 
par  consequence  le  TEB.  Nous  avons  choisi  une  realisa¬ 
tion  d’une  fonction  de  diffusion  d’un  cas  possible  de  ca¬ 
nal  H.F.  Dans  la  Lgure  (1)  nous  presentons  une  partie  de 
cette  fonction  de  diffusion  ou  nous  pouvons  voir  les  modes 
O  et  X  consideres  ;  ils  sont  localises  dans  le  plan  retard  de 
groupe  -  doppler  par  les  couples  de  coordonnees  (0.48  ms, 
0.6  Hz)  pour  le  mode  O  et  (0.6  ms,  0.85  Hz)  pour  le  mode 
X.  Les  dispersions  en  temps  de  groupe  et  en  doppler  ont 
ete  choisies  arbitrairement  egales  pour  les  deux  modes, 
soit  0.033  Hz  pour  le  doppler  et  40  ps  pour  le  temps 
de  groupe.  A  partir  de  cette  realisation  de  la  fonction  de 
diffusion  decomposee  en  deux  modes  distincts  comme  ex¬ 
pose  precedement,  nous  avons  pu  calculer  les  fonctions  de 
transfer!,  variantes  dans  le  temps,  associees  a  la  presence 
de  chacun  des  modes.  Ces  fonctions  sont  presentees  aux 
Lgures  (2)  et  (3). 

Si  aucun  traitement  au  niveau  des  antennes  n’est  realise 
alors  nous  avons  la  presence  simultanee  des  deux  modes 
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et  la  fonction  de  transfert  du  canal  est  nettement  affect.ee. 
Nous  pouvons  voir  figure  (4)  le  module  de  cette  fonction 
de  transfert  du  canal ;  on  remarquera  que  Tecart  entre 
les  faddings  selectifs  dans  la  bande  est  directement  lie 
au  retard  differentiel  entre  les  deux  modes  et  que  revo¬ 
lution  temporelle  de  ces  faddings  se  fait  quasiment  a  la 
frequence  du  doppler  differentiel  intermode. 

Par  contre,  si  nous  effectuons  un  filtrage  de  polarisation 
nous  pouvons  combiner  eflicacement  les  signaux  issus  des 
differentes  antennes  afin  d’attenuer  tres  fortement  Pun 
des  modes.  Un  filtre  de  canal  obtenu  apres  traitement 
est  presente  a  la  figure  (5).  Nous  pouvons  constater  que 
ce  filtre  tend  vers  celui  presente  figure  (2)  ce  qui  etait 
attendu  car  le  traitement  visait  a  reduire  de  90%  I’energie 
liee  au  second  mode. 

Enfin,  nous  presentons  figure  (6)  revolution  de  la  bande 
de  coherence  a  0.9  au  cours  du  temps  pour  chacun  des 
filtres  deja  mentionnes.  Nous  remarquons  les  points  sui- 
vants  ; 

-  la  bande  de  coherence  evolue  de  maniere  significati- 
vement  differente  pour  les  deux  premiers  filtres  lies 
aux  modes  seuls.  Ceci  a  comme  consequence  que  les 
instants  d’apparition  des  erreurs  sont  bien  distints 
pour  chacune  des  voies  de  reception  ; 

-  le  filtrage.  de  polarisation  permet  bien  d’augmenter 
la  bande  de  coherence,  done  de  reduire  le  TEB,  ceci 
est  mis  en  evidence  par  les  differences  entre  les  4^ 
et  38  courbes  pour  lesquelles  il  y  a,  ou  non  filtrage. 

2.3  Application  a  la  determination  du  TEB 

C’est  sur  la  base  de  cette  expression  (4)  que  allons  mon- 
trer  I’inffuence  des  effets  d’antennes  et  de  polarisation 
sur  les  performances  des  systemes  de  communications  nu- 
meriques  HF.  En  effet,  nous  pouvons  desormais  calculer 
la  bande  de  coherence  du  filtre  de  canal.  Cette  quantite 
est  directement  liee  au  taux  d’erreur  binaire  :  nne  reduc¬ 
tion  de  la  bande  de  coherence  du  canal  en  dega  de  la 
largeur  de  bande  utile  de  la  modulation  entraine  une  in¬ 
terference  intersymbole  superieure  ct  done  une  augmen¬ 
tation  du  TEB.  Nous  montrons  que  suivant  le  choix  du 
terme  complexe  a,  il  est  possible  de  modifier  la  bande  de 
coherence  du  canal  et  done  de  diminuer  le  TEB. 

3  LE  SYSTEME  EXPERIMENTAL 

3.1  La  liaison  et  les  constituants  du  systeme 

Une  liaison  test  Berlin  -  Lannion  (1  242  km)  a  ete  utili- 
see  pour  cette  experimentation,  Elle  a  ete  choisie  puisque 
pour  un  azimut  de  64  °  correspondant  a  cette  liaison, 
la  polarisation  des  ondes  incidentes  aux  antennes  de  re¬ 
ception  est  fortement  influencee  par  leur  angle  d’eleva- 
tion  correspondant  [5J.  Le  dispositif  mis  en  place  n’ayant 
pas  comme  objectif  de  tester  des  recepteurs  ou  modems, 
nous  avons  choisi  des  constituants  simples  utilises  sur  des 
liaisons  operationnelles.  Les  elements  utilises  dans  cette 
campagne  de  mesure  sont  decrits  dans  le  tableau  (1).  Il 
faut  toutefois  noter  que  le  systeme  antennaire  de  recep¬ 
tion  (ant.enne  tripole)  a  ete  modifie  de  fa^on  a  eliminer 
tout  couplage  entre  les  antennes  elementaires.  Ainsi,  le 
mat  utilise  est  dielectrique  et  les  courants  de  surface  des 
cables  d’alimentation  des  antennes  ont  ete  elimines.  Le 
systeme  de  reception  etant  installe  a  la  station  ionosphe- 
rique  de  Lannion,  nous  avons  pu  disposer  durant  toute 
cette  experimentation  des  resultats  de  sondages  ionosphe- 


FIG.  1  ^  Module  de  la  fouction  de  diffusion  du  canal  H.F. 
Nous  pouvons  voir  les  deux  modes  places  en  0.6  Hz  et  O.JfS  ms 
pour  le  premier  avec  une  dipersion  en  temps  de  groupe  de  40  ps 
et  une  dispersion  en  doppler  de  0.033  Hz.  Le  second  est  quant 
d  lui  place  en  0.35  Hz  et  0.6  ms  avec  des  caracterist.iques  iden- 
tiques  au  premier  pour  les  dispersions  en  temps  de  groupe  et 
doppler. 
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riejues  au  dessus  du  site. 

3.2  Presentation  des  resultats 

Un  systeme  de  mesure  sur  deux  voies  a  ete  entierement 
mis  au  point  au  CNET  [10].  Il  permet,  sur  chacune  de  ces 
voies  de  determiner  : 

-  le  nombre  de  bits  erronnes  sur  un  paquet  de  1  024 
bits  ;  au  dela  de  512  bits  errones,  on  considere  qu’il 
y  a  desynchronisation  ; 

-  les  instants  de  desynchronisation  des  modems  ou  des 
cartes  de  comptage  des  erreurs  ; 

-  le  taux  d’erreur  binaire  moyen  sur  chaque  minute. 

Un  traitement  logiciel  diflere  nous  permet,  sur  de  grandes 
periodes  (quelques  heures  typiquement),  de  comparer  les 
resultats  obtenus  sur  les  deux  voies.  Des  fonctions  de 
repartition  des  erreurs  peuvent  etre  ainsi  tracees  pour 
differentes  durees  de  mesure.  La  figure  (7)  presente  un 
exemple  de  resultats  obtenus. 

L ’ensemble  du  systeme  de  mesure  se  presente  done  sim- 
plement  suivant  le  schema  de  principe  presente  figure  (8). 

3.3  Les  tests  de  validation  du  systeme 

Afin  de  s’assurer  de  la  reproductibilite  des  mesures,  nous 
avons  envoye  le  meme  signal  provenant  d’une  des  an¬ 
tennes  sur  les  deux  voies.  Les  resultats  obtenus  restent 
tres  voisins.  Les  fonctions  de  repartition  des  erreurs  sur 
les  deux  voies  sont  quasiments  identiques  (voir  figure  (9)). 
Les  petits  ecarts  peuvent  etre  dus  aux  caracteristiques 
techniques  legerement  differentes  des  deux  voies  de  trai¬ 
tement  qui  etaient,  rappelons  le,  de  type  operationnels  et 
n’avaient  done  pas  subi  de  reglages  particuliers. 

3.4  Les  possibilites  annexes  :  le  filtrage  de  pola¬ 
risation 

Le  systeme  experimental  de  reception  disposant  de  quatre 
antennes  actives,  nous  avons  pu  debuter  des  tests  visant  a 
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Fig.  2  —  PHtre  de  canal  he  au  premier  mode  seul 


Fig.  4  -  Filtre  de  canal  he  d  la  somme  non  ponderee  du 


Fig.  3  -  Filtre  de  canal  lie  au  second  mode  seul 
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mettre  en  evidence  le  «filtrage  de  polarisation».  Un  filtre 
est  constitue  en  associant  les  signaux  de  deux  ou  trois 
antennes  de  fagon  a  amplifier  un  mode  de  propagation 
ou  a  en  attenuer  un  autre.  Les  coefficients  (complexes) 
qui  inter viennent  dans  le  filtre,  sont  lies  aux  reponses 
complexes  des  antennes  et  au  critere  d’optimisation  choisi 
[11]. 

Dans  notre  experimentation,  nous  disposions  de  depha- 
seurs  -  attenuateurs  commandes  numeriquement.  Seule 
la  possibilite  dephasage  a  ete  utilisee  (le  systeme  etait 
done  sous-optimal).  Deux  ou  trois  antennes  ont  ete  asso- 
ciees  pendant  les  essais.  Le  critere  d’optimisation  choisi 
s’appuyait  sur  les  previsions  de  propagation  pour  la  liai¬ 
son  :  ainsi  nous  pouvions,  en  relation  avec  les  previsions, 
favoriser  la  reception  d’un  mode  O  ou  X  par  une  couche 
F2.  Lorsque  les  ondes  sont  polarisees  circulairement  et 
lorsque  les  antennes  sont  isolees  dans  I’espace,  les  depha- 
sages  a  introduire  sont  de  ±7r/2  selon  le  mode  choisi. 
Dans  I’experimentation,  ces  dephasages  etaient  calcules 
par  optimisation  pour  chaque  heure  et  appliques  auto- 
matiquement  au  systeme.  La  figure  (10)  decrit  I’un  de 
ces  dispositifs  de  filtrage. 


Fig  .  5  ^  Filtre  de  canal  lie  d  la  somme  ponderee  du  premier  et 
du  second  mode;  la  ponderation  introduite  simule  un  filtrage  de 
polarisation  reduisant  de  90%  la  contribution  du  second  mode. 


temps  (s) 


4  ANALYSE  DEQUELQUES  SEQUENCES  DE 
RESULTATS 
4.1  Le  role  des  antennes 

L’ensemble  des  donnees  fait  apparaitre  des  resultats  tres 
variables  d’une  antenne  a  I’autre.  Les  figures  (11  -  12) 
relatives  a  des  mesures  obtenues  a  partir  d’antennes  di¬ 
poles  horizontales  disposees  en  Est-Ouest  et  Nord-Sud 
montrent  que  : 

-  Les  erreurs  sur  les  deux  voies  n’apparaissent  pas  au 
meme  moment  en  general  (ce  qui  est  conforme  au 
modele  theorique)  ; 

-  I’importance  relative  des  erreurs  peut  varier  d’un 
instant  a  I’autre. 

Les  fonctions  de  repartition  obtenues  a  partir  de  deux  se¬ 
quences  successives  de  deux  heures  de  mesure  traduisent 
cet  etat  de  fait  comme  le  montrent  les  figures  (13)  et  (14). 

La  comparaison  entre  les  erreurs  associees  aux  antennes 
horizontales  et  verticales  montre  I’avantage  a  utiliser  de 
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Fig.  6  -  Evolution  de  la  bande  de  coherence  au  cours  du 
temps  pour  les  differents  filtres.  De  haut  en  bas  :  filtre  he  au 
mode,  filtre  He  au  2^  mode,  filtre  lie  a  la  somme  des  deux 
modes  et  enfin  filtre  apres  traitement  de  I’un  des  modes.  L'axe 
vertical  est  gradue  en  kHz. 
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Fig.  T  Exemples  de  determination  du  taux  d’erreur  en 
fonction  du  temps  sur  deux  voies.  Les  instants  de  desynchro¬ 
nisation  sont  indiques  sur  l’axe  des  temps  en  souligne  gras, 
if  ^  10.4MHz ) 


jour,  sur  une  telle  liaison,  Pantenne  verticale  (exemple  fi~ 
gure  (15)).  Le  nombre  d’erreurs  est  en  general  moindre 
avec  I’antenne  verticale  quelque  soit  le  moment  de  la  me- 
sure. 


Tab.  1  “  caracteristiques  techniques  des  systemes  utilises 


emission 

Berlin 

antennes 

puissance 

emise 

frequences 

code 

losange 

horizontal 

1  kW 

variables  dans 
la  gamme  HF 
de  3  a  15  MHz 
pseudo  alea- 

toire  sur  9 
bits 

reception 

antennes 

antenne  tripole 
Rodhe  Schwarz 
modifiee  -f 

antenne  fouet 
verticale 

Lannion 

recepteurs 

TRT 

modems 

serie 

2  400  bits/s 
TRT  MDM 

1224 

systeme  de 

realisation 

mesure 

CNET 

Fig.  8  -  Schema  de  principe  de  I’ensemble  du  systeme  de 
mesure. 


Pig  .  9  ~  Validati  on  du  systeme:  fonctions  de  repartition 
des  erreurs  sur  les  deux  votes,  les  entrees  etant  connectees  d 
la  meme  antenne.  Duree  de  la  mesure:  4  h.  (f  ll.lMHz) 
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Fig.  10  ~  Systeme  de  filtrage  de  polarisatton  realise  d  partir 
de  deux  antennes  horizontales 


Fig.  11  —  Evolution  des  erreurs  en  sortie  du  systeme  connecte 
aux  antennes  actives  EW  et  NS.  (f  W.lMHz) 
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Fig.  13  —  Fonctions  de  repartitions  des  erreurs  observees 
en  sortie  du  systeme  connecte  aux  antennes  actives  EW  et  NS. 
(22  h  -  14  h). 


_ 


Fig.  14  -  Fonctions  de  repartitions  des  erreurs  observees 
en  sortie  du  systeme  connecte  aux  antennes  actives  EW  et  NS. 
(14  h  -  16  h). 
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Fig.  12  -  Evolution  des  erreurs  en  sortie  du  systeme 
connecte  aux  antennes  actives  EW  et  NS.  (f  \1.1M Hz) 
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Fig.  15  —  Fonction  de  repartition  des  erreurs  observees 
en  sortie  du  systeme  connecte  aux  antennes  actives  vertical  et 
NS.(J  ~  13. 8MHz)  La  courbe  superieure  est  celle  associee  d 
I’antenne  verticale,  la  courbe  inferieure  est  celle  associee  d  I’an- 

tenne  NS. _ 
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4.2  Inti'oduction  au  filtrage  de  polarisation 

Compte  tenu  du  systeme,  plusieurs  combinaisons  fitrage- 
reference  ont  pu  etre  testees  : 

-  Filtrage  simultane  des  modes  O  et  X  correspondant 
a  un  mode  de  propagation  attendu  (en  general  IF2) ; 

-  filtrage  alterne  des  modes  O  et  X  (15  mn  pour  cliaque 
mode  )  et  comparaison  avec  une  antenne  de  reference 
choisie  en  fonction  du  rapport  SjB  observe  sur  cha- 
cune  des  antennes  en  debut  d’experimentation.  En 
general,  de  jour  une  antenne  verticale  etait  prise 
comme  reference  et  de  nuit,  une  antenne  horizon- 
tale. 

De  la  meme  fagon,  plusieurs  methodes  de  filtrage  ont  ete 
testees  ;  elles  s’appuient  sur  la  connaissance  a  priori  de 
la  reponse  des  antennes  et  des  previsions  de  propagation. 
Compte  tenu  du  faible  angle  d’elevation  de  reception  cor¬ 
respondant  au  mode  lE  (environ  8  °  )  et  du  faible  gam 
de  I’antenne  d’emission  pour  cet  angle,  ce  mode  de  pro¬ 
pagation  a  ete  ignore  dans  le  processus  de  filtrage  et  seul 
le  mode  IF  a  ete  pris  en  compte. 

II  ressort  des  differentes  exp&’imentations  les  points  sui- 
vants  ; 

-  les  filtrages  des  modes  O  et  X  simultanement  laissent 
apparaitre  des  erreurs  ou  des  desynchronisations  en 
des  instants  differents,  sans  doute  dues  a  la  presence 
simultanee  de  modes  IFi  et  IF2  de  meme  type  (O 
ou  X).  On  retrouve  alors  ce  qui  a  deja  ete  observe  a 
partir  des  antennes  elementaires  (voir  figure  (7))  ; 

-  suivant  les  conditions  de  propagation,  nous  pouvons 
obtenir  une  reduction  importante  du  taux  d’erreur. 
C’est  ce  que  traduisent  les  figures  (16)  et  (17)  ou 
sont  resumees  une  nuit  entiere  de  mesures.  Durant 
cette  periode,  nous  avons  determine  les  erreurs  en 
filtrant  alternativement  les  modes  O  et  X  a  partir 
des  antennes  horizontales  Est-Ouest  et  Nord-Sud, 
la  reference  restant  une  antenne  horizontale  Nord- 
Sud. 

La  reduction  du  taux  d’erreur  sur  une  minute  exprimee  en 
puissance  de  10  montre,  dans  ce  cas,  I’interet  d’un  filtrage 
de  type  O  et  au  contraire,  le  desinteret  d’un  filtrage  de 
type  X  (cf  figure  (17)  presentant  quelques  sequences  de 
15  mn  de  filtrage). 

Dans  certaines  conditions  de  propagation,  cette  reduc¬ 
tion  du  taux  d’erreur  peut  conduire  a  I’absence  d’erreur 
comme  represente  figure  (18).  Dans  ce  dernier  cas,  outre 
une  transmission  par  IF  fortement  attenuee  compte  tenu 
des  gains  d’antennes,  les  conditions  de  propagation  ne 
conduisaient  qu’a  une  propagation  par  IF2  O  et  X.  L’eli- 
mination  d’un  des  deux  modes  supprime  les  causes  d’er- 
reurs,  ce  qui  est  observe. 


Fig.  16  Evolution  de  I’effet  du  filtrage  de  polarisation  sur 
10  h  de  mesures.  «1»  sur  Vaxe  vertical  correspond  d  une  reduc- 


KIG.  17  —  Ejfet  de  zoom  sur  la  figure  precedente  montrant 
I’interet  dans  ce  cas  de  filtrer  le  mode  O. 
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5  CONCLUSION 

Nous  avons  montre  le  role  important  de  la  reponse  des 
antennes  dans  les  liaisons  numeriques  par  voie  HF.  Les 
essais  partiels  de  filtrage  de  polarisation  ont  conduit  a 
des  resultats  encourageants  bien  que  la  methode  utilisee 
ne  soil  pas  optimale. 

Ainsi,  dans  la  conception  des  systemes  futurs,  peut-on 
envisager  des  architectures  utilisant  N  entrees  paralleles 
connectees  a  N  antennes  colocalisees  ou  distribuees  spa- 
tialement  ;  ces  N  antennes  pourraient  etre  de  type  diffe¬ 
rent.  Les  algorithmes  de  resynchronisation  des  voies  et  de 
traitement  restent  a  developper. 
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Abstract'.  Accurate  modeling  of  radio  propagation  character¬ 
istics  in  and  around  built-up  urban  environments  is  vital  to 
the  successful  functioning  of  surveillance  and  tracking  sys¬ 
tems  utilizing  wireless  technology.  A  vast  majority  of  the 
software  tools  currently  available  to  military  and  civilian 
users  are  based  on  very  simple  models  with  fairly  limited 
accuracy  and  are  closed  architectures.  We  discuss  the  design 
and  development  of  a  software  tool  that  provides:  a)  a 
framework  for  modelers  to  incorporate  new  models  and  test 
their  hypotheses,  and  b)  system  designers  and  planners  to 
obtain  the  propagation  characteristics  in  any  environment. 
The  interactive  software  executes  on  a  workstation,  uses 
topographic  maps  with  building  overlays  to  predict  signal 
coverage  and  channel  characteristics  for  user-specified 
antenna  locations.  Work  is  in  progress  to  improve  the  accu¬ 
racy  of  the  prediction  software  through  better  diffraction 
modeling. 

I.  INTRODUCTION 

While  aircraft  surveillance  has  been  used  extensively  for 
drug  interdiction,  it  is  expensive.  A  surveillance  method 
that’s  cheap  by  comparison  is  tracking  suspect  cargo  and 
vehicles  by  placing  small  hidden  transponders  on  them, 
capable  of  relaying  position  data  obtained  by  a  hidden  on¬ 
board  GPS  receiver.  In  such  circumstances,  the  antennas 
used  may  well  be  suboptimal,  and  it  is  cmcial  to  know  a  pri¬ 
ori  the  best  locations  for  beacons  or  receiving  posts  within  a 
city  to  ensure  reliable  tracking  of  the  suspect.  A  thorough 
theoretical  understanding  and  modeling  capability  of  radio 
propagation  characteristics  in  and  around  built-up  environ¬ 
ments  is  vital  to  the  successful  functioning  of  surveillance 
and  tracking  systems  utilizing  wireless  technology.  Accurate 
propagation  models,  based  on  real-world  phenomena,  are 
needed  for  rapid  installation,  hardware  development,  and 
spectrum  utilization  plans  for  future  wireless  communica¬ 
tion  systems.  This  paper  presents  SISP,  a  software  tool  for 
propagation  prediction  and  wireless  system  design. 

Radio  communication  channels  are  subjected  to  varying 
conditions  in  which  the  signal  travels  from  the  nansmitter  to 
the  receiver  via  multiple  paths.  The  received  signal  strength 
can  be  small  or  large  depending  upon  whether  the  signals 
combine  destructively  or  consttuctively.  Thus,  it  is  impor¬ 


tant  to  predict  the  spatial  distribution  of  power,  the  interfer¬ 
ence,  the  propagation  power  loss,  etc.,  to  completely 
characterize  the  propagation  environment. 

Typically,  measurements  are  made  to  determine  the  charac¬ 
teristics  of  the  propagation  channel.  However,  these  require  a 
partial  installation  of  the  system  and  are  time  consuming  and 
expensive.  Moreover,  they  cannot  be  used  for  determining 
the  performance  of  the  system  in  the  presence  of  different  ter¬ 
rains.  Over  the  years,  terrestrial  communication  systems  have 
been  installed  using  empirical  or  semi-empirical  propagation 
models.  While  many  experimental  or  theoretical  models  have 
been  developed  to  predict  radio  propagation  in  land  mobile 
systems,  they  are  not  general  enough  to  characterize  the  dif¬ 
ferent  propagation  environments.  Site  specific  propagation 
models,  which  utilize  information  about  the  environment 
such  as  the  terrain  elevation  and  morphology  of  buildings, 
etc.,  hold  great  promise  for  accurate  predictions  in  different 
environments. 

Site  specific  propagation  models  typically  utilize  large  data¬ 
bases  of  diverse  site  information.  A  software  tool  that  facili¬ 
tates  management  of  these  databases  can  significantly  ease 
the  complexity  of  using  them.  The  visualization  of  results 
generated  by  these  models  is  also  significant,  since  this  pro¬ 
vides  feedback  to  the  user  about  the  performance  of  the  sys¬ 
tem.  Besides,  the  software  tool  can  be  utilized  to  analyze  and 
compare  predicted  and  measured  data  which  can  be  used  for 
improving  the  accuracy  of  the  propagation  models. 

SISP  provides  a  flexible  software  platform  for  propagation 
prediction,  performance  analysis,  and  efficient  database 
resource  management.  The  framework  of  SISP  encompasses 
propagation  prediction  modules,  the  graphical  user  interface, 
a  suite  of  display  and  analysis  routines,  and  data  processing 
routines.  The  general  framework  of  SISP  is  shown  in  Figure 
1.  The  modular  strueture  allows  for  rapid  development,  easy 
extensibility,  and  enhancements  to  the  software.  Section  II  of 
this  paper  discusses  the  resource  organization  of  SISP  and 
presents  the  various  databases  that  are  used.  The  principal 
component  of  SISP  is  the  propagation  prediction  module 
which  contains  the  routines  that  implement  the  various  prop¬ 
agation  models.  Section  III  of  the  paper  discusses  the  propa¬ 
gation  models  that  SISP  currently  incorporates.  The  user 
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interacts  with  the  propagation  models  through  a  robust  and 
user  friendly  graphical  interface.  Section  IV  discusses  the 
predictions  of  the  model  and  compares  it  to  measured 
results.  Section  V  summarizes  the  work  done  and  states  the 
objectives  of  the  research  effort  currently  underway. 

II.  RESOURCE  MANAGEMENT 

A  significant  hurdle  in  the  use  of  site  specific  models  is  the 
diversity  of  data  formats  in  which  the  environmental  infor¬ 
mation  is  available.  A  considerable  amount  of  work  has 
been  done  to  establish  and  adopt  standards  for  each  type  of 
data.  The  SISP  database  comprises  terrain  elevation  data, 
building  contour  and  elevation  data,  RF  measured  and  pre¬ 
dicted  data,  and  antenna  patterns. 

A  graphical  user  interface  provides  the  interactive  frame¬ 
work  of  SISP.  It  furnishes  the  user  with  the  capability  to 
create  and  maintain  a  database  of  site  specific  information 
and  establish  a  simulation  environment.  The  user. can  spec¬ 
ify  transmitters  and  receivers  at  a  particular  point,  or  along 
a  grid,  or  a  track.  Parameters  such  as  transmitter  power,  fre¬ 
quency  of  operation,  height  of  antenna,  etc.  can  also  be 
entered  via  the  graphical  user  interface. 

In  an  outdoor  microcell  environment,  terrain  and  buildings 
are  the  dominant  surfaces  that  influence  the  transportation 
of  energy.  Accordingly,  the  details  of  the  outdoor  environ¬ 
ment  need  to  be  represented  accurately  in  order  for  the 
models  to  provide  accurate  predictions.  AutoCAD  [1],  a 
general  purpose  computer-aided  design  package  is  gener¬ 
ally  used  to  describe  the  building  data  for  propagation  pre¬ 
diction  purposes.  The  very  general  way  of  representing 
information  in  AutoCAD  represents  a  significant  process¬ 
ing  challenge  to  the  prediction  routines.  Our  work  has  iden¬ 
tified  a  subset  of  AutoCAD  features  that  is  general  enough 
to  represent  the  terrain,  morphology,  outdoor  building  data¬ 
bases,  and  building  floor  plans  while  keeping  the  process¬ 
ing  overhead  on  the  propagation  prediction  routines  to  a 
minimum.  Details  on  the  Real  World  Database  Format 
(RWDF)  can  be  found  in  [2], 

The  terrain  elevation  map  and  the  building  contour  map 
represent  georeferenced  data.  The  geodetic  reference  sys¬ 
tem  used  to  reference  the  locations  displayed  can  be  speci¬ 
fied  by  the  user.  SISP  primarily  supports  the  Universal 
Transverse  Mercator  (UTM)  coordinate  system.  This  is  a 
planimetric  coordinate  system  and  has  the  advantage  of 
using  linear  decimal  units  for  complete  coordinate  descrip¬ 
tions.  This  simplicity  of  notation  offers  greater  precision 
and  computational  convenience.  SISP  also  supports  the 
Geographical  Coordinate  System  (lat-long). 

The  terrain  elevation  data  for  SISP  is  obtained  from  the 
Digital  Elevation  Models  (DEM)  supplied  by  the  USGS 
[3].  The  DEM’s  are  available  in  7.5’  quadrangle  eoverage 


and  1°  quadrangle  coverage.  SISP  utilizes  the  7.5’  DEM’s, 
with  a  scale  of  1:24,000.  The  7.5’  DEM  consists  of  a  regu¬ 
lar  array  of  elevations  referenced  horizontally  in  the  UTM 
coordinate  system.  The  elevation  data  is  stored  in  profiles 
in  which  the  spacing  along  and  between  the  profiles  is  30m. 

The  terrain  data  format  in  the  SISP  database  conforms  to 
the  GRASS  4.0  raster  data  format  GRASS  (Geographic 
Resources  Analysis  Support  System)  is  a  geographic  infor¬ 
mation  system  (GIS)  designed  and  developed  by  the  U.S. 
Army  Construction  Research  Laboratory  (USACERL)  [4]. 

The  General  Data  Format  (GDF)  was  developed,  for  SISP, 
to  provide  a  standard  data  format  for  importing  RF  mea¬ 
sured  and  predicted  data  into  the  database.  The  GDF  is  an 
extensible  machine  independent  ASCII  format.  It  is  modu¬ 
lar  and  changes,  based  on  changing  requirements,  can  be 
easily  accommodated.  The  primary  objective  in  the  design 
of  this  format  is  to  provide  a  user  editable  data  format  for 
storing  measurements  made  using  various  measurement 
systems. 

While  GDF  is  suitable  for  providing  a  common  format  to 
represent  RF  measurement  and  prediction  data,  it  does  not 
lend  itself  easily  to  analysis  and  visualization  because  of 
the  sequential  ordering  of  data  sets  that  the  format  enforces 
and  the  significant  quantity  of  extraneous  descriptive  infor¬ 
mation  present  in  the  file.  For  effective  analysis  and  visual¬ 
ization  of  data,  rapid  retrieval  is  an  important  requirement. 
Hence,  a  indexed  file  structure  that  allows  random  access  to 
the  data  sets  is  essential.  The  data  stored  in  GDF  is  thus 
converted  to  a  binary  format  called  the  Network  Common- 
Data  Format  (NetCDF)  [5]. 

III.  P-  OPAGATION  MODELS 

A  few  empirical  models  such  as  the  exponential  path  loss, 
and  the  Hata  model  have  been  incorporated  into  SISP  to 
demonstrate  the  feasibility  of  the  proposed  arehitecture. 
The  more  complex  site  specific  models  are  now  being 
incorporated  into  the  same  framework.  Site-specific  models 
that  take  into  account  the  physical  characteristics  of  the 
environment  are  capable  of  providing  more  accurate  pre¬ 
diction  results  than  statistical  models.  By  using  the  concept 
of  ray  tracing,  energy  transportation  from  a  discrete  point 
source  can  be  represented  by  rays,  and  the  interaction  of  the 
rays  with  objects  in  the  environment  may  be  modelled 
using  well  known  concepts  of  transmission,  reflection,  and 
diffraction.  This  assumption  is  reasonably  accurate  at  high 
frequencies  when  objects  of  interest  in  the  propagation 
environment  are  far  larger  than  the  wavelength. 

The  signal  in  a  microcellular  environment  can  propagate  to 
the  receiver  via  multiple  paths  due  to  reflection,  diffraction, 
and  scattering  of  the  radio  waves  by  the  objects  in  the  envi¬ 
ronment.  Using  simplified  geometric  optics  assumptions, 


53-3 


the  prediction  software  launches  and  traces  rays  in  three 
dimensions,  and  determines  the  path  loss  and  propagation 
delay  for  each  ray.  The  model  determines  the  path  through 
which  the  direct  line  of  sight,  specularly  reflected,  diffusely 
scattered,  and  diffracted  rays  arrive  at  a  receiver.  The 
received  rays  are  then  used  to  estimate  the  channel  power 
delay  profile  and  subsequently  the  path  loss  at  the  receiver 
location.  Thus,  ray  tracing  can  help  estimate  not  only  the 
deterministic  amplitudes  of  each  type  of  ray,  but  also  the 
exact  time  of  arrival  of  the  energy  at  a  specific  point  in  the 
coverage  region.  This  may  then  be  used  to  compute  the  sta¬ 
tistical  frequency  and  time  domain  channel  characteristics 
including  path  loss,  and  hence  received  signal  strength 
(RSSI). 

The  transmitter  is  modeled  as  a  point  source  generating 
rays  uniformly  in  all  directions.  To  model  energy  transfer 
correctly  from  the  transmitter,  it  is  necessary  to  launch  rays 
at  all  possible  angles  of  departure  with  a  constant  angular 
separation  between  rays.  An  elegant  approach  is  to  launch 
rays  through  the  vertices  of  an  icosahedron  inscribed  in  an 
unit  sphere,  with  each  of  its  triangular  faces  subdivided  into 
smaller  triangles.  This  method  for  launching  rays  provides 
wavefronts  of  equal  shape  and  area  that  can  be  easily  subdi¬ 
vided  as  may  be  infered  from  Figure  2. 

A  bmte  force  recursive  technique  is  used  to  trace  all  the 
rays  after  they  are  launched  from  the  transmitter  so  as  to 
determine  each  ray  path  by  which  significant  levels  of 
energy  radiated  from  the  specified  transmitter  reaches  a 
receiving  point.  Briefly,  the  prediction  program  performs 
the  following: 

Check  the  existence  of  a  line  of  sight  path  for  every 
receiver.  If  such  a  path  exists,  the  path  loss  is  calculated  for 
the  direct  ray  and  the  ray  parameters  are  stored.  If  a  direct 
path  does  not  exist  between  the  transmitter  and  the  receiver, 
check  if  a  diffracted  ray  can  be  received.  If  a  valid  diffrac¬ 
tion  path  exists,  the  received  energy  due  to  this  path  is  cal¬ 
culated.  To  predict  energy  arriving  at  a  receiver  location 
due  to  specular  reflection  or  scattering,  rays  are  launched 
from  the  transmitter  location  and  each  ray  is  traced  till  it 
intersects  an  object.  If  no  object  intersects  the  ray,  a  new 
ray  is  launched  from  the  transmitter  and  traced.  If  a  ray 
intersects  an  object,  a  ray  path  is  dravra  from  the  point  of 
intersection  to  the  receiver.  If  this  path  is  unobstructed,  the 
ray  is  tested  for  specular  reflection.  A  reflected  ray  is 
received  at  a  point  if  it  lies  within  a  reception  sphere- around 
the  receiver  point.  In  case  the  received  ray  is  not  specular,  it 
is  considered  to  be  a  scattered  path  and  the  RSSI  is  com¬ 
puted  accordingly.  The  reflected  ray  is  now  launched  from 
the  point  of  intersection  and  treated  as  a  new  ray.  This 
recursion  continues  until  a  user  specified  number  of  ray 
object  intersections  has  been  exceeded.  A  new  ray  is  then 
launched  from  the  transmitter. 


The  received  power  at  any  location  is  the  vectorial  sum  of 
the  multipath  components  of  the  LOS,  reflected,  diffracted, 
and  scattered  rays.  The  total  field  at  a  receiver  is  deter¬ 
mined  by  the  coherent  summation  of  the  individual  contri¬ 
butions  of  each  ray.  The  following  sections  describe  the 
individual  effects  of  the  multipath  components. 

A.  Line  of  Sight  (LOS)  Rays 

The  path  loss  with  respect  to  Im  free  space  is  directly  cal¬ 
culated  from  the  distance  between  the  two  points  (d)  using 
the  relation 


E 


LOS 


(3.1) 


Path  loss  measurements  were  made  in  Rosslyn,  VA  to  test 
the  accuracy  of  the  line  of  sight  model.  The  predicted  path 
loss  for  line  of  sight  receiver  locations  were  found  to  be  8 
dB  lower  (typically)  when  compared  to  the  measured  path 
loss.  Careful  analysis  of  measured  and  predicted  results 
showed  that  this  difference  could  be  explained  by  consider¬ 
ing  ground  reflections.  It  is  known  that  the  phase  of  the 
plane  wave  reflection  coefficient,  for  both  vertical  and  hori¬ 
zontal  polarization  at  grazing  incidence  is  180  degrees. 
This  would  mean  that  the  LOS  signal  and  the  ground 
reflected  signal  arriving  at  the  receiver  have  a  phase  differ¬ 
ence  of  180  degrees.  Therefore  for  such  cases  the  RSSI  due 
to  these  two  paths  must  be  subtracted.  Equation  (3.2)  indi¬ 
cates  the  new  model. 


Elos^  (3-2) 

where  Ef^  is  the  free  space  field  as  calculated  from  Equation 
(3.1)  and  E^.  is  the  field  due  to  terrain  reflection  for  low 
lying  transmitters. 

B.  Reflected  Rays 

Specular  reflection  or  reflection  is  characterized  by  the  inci¬ 
dent  and  reflected  rays  making  equal  angles  with  the  sur¬ 
face  normal.  Rays  rj  and  T2  in  Figure  3  are  reflected  rays. 
The  relationship  of  the  reflected  wave  to  the  incident  wave 
is  given  by 


e"h 

=  R^DR 

e'h 

E^  V 

_E‘v 

where  E'^h  E'’v  are  the  horizontally  and  vertically  polar¬ 
ized  components  of  the  reflected  wave  and  E'h  and  E‘v  are 
the  horizontally  and  vertically  polarized  components  of  the 
incident  wave.  Matrix  R  is  the  transformation  from  verti¬ 
cally  and  horizontally  polarized  components  to  components 
perpendicular  and  parallel  to  the  plane  of  incidence  and  is 
given  by 
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R  = 


COS0  sin  6 
—sin  9  COS0 


(3.4) 


where  9  is  the  angle  between  the  two  sets  of  axes  discussed 
above.  The  matrix  D  is  given  by 


D  = 


0 

0  r,. 


(3.5) 


where  is  the  reflection  coefficient  for  the  wave  with  E- 
field  in  a  direction  perpendicular  to  the  plane  of  incidence 
(perpendicularly  polarized)  and  Fj^  is  the  reflection  coeffi¬ 
cient  for  the  horizontally  polarized  wave.  Both  the  reflec¬ 
tion  coefficients  depend  on  the  angle  of  incidence  and  the 
material  of  the  reflecting  surface.  The  material  dependence 
is  limited  to  the  relative  permittivity  (Cr)  of  the  material  of 
the  reflecting  surface  for  dielectrics,  particularly  at  high  fre¬ 
quencies.  This  method  of  calculating  the  reflected  energy  is 
based  on  the  assumption  that  the  reflection  occurs  at  the 
interface  between  two  infinite  media. 


A  reception  sphere  around  the  receiver  location  is  used  to 
determine  the  reception  of  a  specular  reflected  ray  at  the 
point.  The  radius  of  the  sphere  is  directly  proportional  to 
the  total  path  travelled  by  the  ray  and  the  angular  spacing 
between  neighboring  rays  at  the  source.  Each  ray  represents 
the  field  in  the  solid  angle  radiating  from  the  transmitter.  If 
the  ray  after  reflection  from  one  or  more  surfaces  intersects 
the  sphere,  it  contributes  to  the  total  energy  received  at  that 
location. 

C.  Scattered  Rays  (Rough  Surface  Scattering) 


In  case  a  ray  intersects  a  rough  surface,  the  energy  is  also 
propagated  in  directions  other  than  the  specular  direction. 
For  receiver  locations  near  a  wall  or  a  building  surface 
where  no  specular  component  is  predicted,  energy  due  to 
the  proximity  of  the  surface  is  predicted  by  rough  surface 
scattering.  The  bistatic  radar  (bistatic  refers  to  the  fact  that 
the  transmitter  and  receiver  are  at  different  locations)  equa¬ 
tion  may  be  used  to  model  the  scattered  energy.  The  power 
received  due  to  a  scatterer  (P^)  at  a  distance  d^  from  the 
receiver  and  d^  from  the  transmitter  is  given  by: 


i4K)V/^ 


.  (3.6) 


where  P,  is  the  transmitted  power,  Gf  is  the  gain  of  the 
transmitter  antenna,  is  the  gain  of  the  receiver  antenna,  X 
is  the  wavelength  and  a  is  the  bistatic  radar  cross  section  of 
the  scattering  object.  The  bistatic  radar  cross  section  is 
defined  as  the  ratio  of  power  density  in  the  scattered  signal 
in  the  direction  of  the  receiver  to  the  power  density  of  the 


signal  incident  on  the  scattering  object  [6]. 

The  models  for  calculating  the  bistatic  radar  cross  section 
of  an  object  are  applicable  only  in  the  far  fields.  At  900 
MHz  and  a  10m  wall,  the  far  field  is  667  m.  Hence,  the 
above  models  cannot  be  used  directly  to  predict  rough  sur¬ 
face  scattering  in  microcells  where  distances  of  about  Im 
may  be  encountered.  A  heuristic  approach  [12]  that  divides 
a  large  surface  into  small  facets  so  that  the  receiver  is  in  the 
far  field  of  each  facet  is  used  to  apply  these  models.  Scatter¬ 
ing  in  non-specular  directions  is  then  given  by  the  non¬ 
coherent  smnmation  of  power  scattered  form  each  of  these 
facets.  The  geometry  is  shown  in  Figure  3.  The  size  of  the 
facets  depends  on  the  angular  spacing  between  the  rays  at 
the  transmitter  and  on  the  distance  travelled  by  the  ray  to 
reach  the  scattering  surface.  To  calculate  the  bistatic  radar 
cross  section  of  each  of  the  facets  the  following  equation  is 
used: 


2 

47t(AxAjp)  a^cos0. 


(3.7) 


where  9,-  is  the  angle  the  scattered  ray  makes  with  the 
specular  direction.  Ax  and  Ay  are  the  dimensions  of  the 
facet,  X  is  the  wavelength  and  cr^  is  an  additional  loss  fac¬ 
tor.  This  factor  is  added  because  most  of  the  surfaces 
encountered  are  not  perfectly  conducting  and  the  material 
of  the  surface  must  be  used  to  calculate  this  factor. 


D.  Diffracted  Rays 


According  to  geometric  optics,  reflection,  refraction  and 
direct  line  of  sight  rays  are  the  three  basic  mechanisms  of 
energy  propaga;  n.  The  theory  breaks  down  in  shadow 
regions  (domina;  .  in  urban  areas),  where  neither  a  direct 
ray  nor  a  reflected  ray  is  received.  When  a  receiver  is 
heavily  shadowed,  a  significant  portion  of  the  received  sig¬ 
nal  is  due  to  energy  diffracting  over,  or  around  the  building 
edges.  Diffraction  supplements  the  geometric  optics  theory 
to  determine  non-zero  field  in  shadow  regions.  It  also  elim¬ 
inates  the  sharp  field  transition  that  is  observed  between  the 
shadow  and  lit  regions  by  using  GO.  The  geometrical  the¬ 
ory  of  diffraction  [10]  extends  geometric  optics  and  intro¬ 
duces  diffracted  rays  to  account  for  energy  received  due  to 
diffraction.  Knife-edge  and  wedge  diffraction  has  com¬ 
monly  been  used  to  account  for  diffracted  energy.  The 
extension  of  the  single  knife-edge  diffraction  theory  to  mul¬ 
tiple  edges  is  involved  and  a  number  of  approximations 
have  been  proposed  [7]  [8]  [9].  Our  software  traces  dif- 
fracterd  rays  in  three  dimensions.  The  field  at  any  point  is 
related  to  the  angle  of  diffraction  with  the  following 
model[12]: 


A 
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Here  the  attenuation  factor  A(0j)  is  calculated  using: 

where  0  is  the  angle  of  diffraction  and  k  is  the  wave  num¬ 
ber. 

IV.  RESULTS 

Predictions  were  made  using  the  software  described  above 
and  compared  against  actual  measurements  performed  in 
Rosslyn,  Va.  Rosslyn  is  a  typical  urban  setting  with  a  wide 
diversity  of  building  types.  Further,  the  terrain  elevation 
varied  from  15m  to  55m  over  the  area  considered  for  the 
smdy.  Figure  4  shows  a  projection  of  the  area  under  study 
together  with  street  names  and  the  location  of  the  transmit¬ 
ter.  Figure  5  shows  some  of  the  results  obtained. 

V.  CONCLUSIONS 

In  this  paper,  we  have  presented  the  stracture  and  salient 
functional  features  of  SISP.  The  software  tool  can  be  uti¬ 
lized  in  research  for  propagation  prediction  and  wireless 
system  design.  We  are  currently  working  on  improving  the 
accuracy  and  the  computational  efficiency  of  the  site  spe¬ 
cific  propagation  model.  Efforts  are  also  being  made  to  pro¬ 
vide  an  antenna  library  and  improved  visualization 
capabilities. 
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Figure  1 .  SISP  General  Framework 


by  ray  tube 
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Figure  5.  Comparison  of  measured  and  predicted  path  loss  along  streets  in  Rosslyn,  Va. 
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DISCUSSION 


Discusser’s  name:  K.  Craig 


Comment/Question : 

Commercial  site-specific  ray  trace  models  are  available.  Have  any  of  these  been  included  in  the 
validation  tests  that  you  (and  Professor  Luebbers)  referred  to? 


Author/Presenter’s  reply: 

Not  to  my  knowledge,  although  colleagues  in  the  industry  and  government  indicated  to  me  that 
those  are  cruder  models  than  the  ones  we  are  testing.  I  am  not  certain,  however,  your  suggestion 
is  a  good  one. 
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DISCUSSION 


Discussor’s  name;  K.  Craig 


Comment/Question : 

Is  there  a  justification  for  only  including  non-specular  effects  at  the  final  reflecting  surface?  Are 
not  non-specular  reflections  between  any  two  reflectors  equally  important? 


Author/Presenter’s  reply: 

Our  belief  is  that  the  last  leg  of  each  ray,  if  it  is  not  offering  a  specular  reflected  component,  will 
be  the  main  contributor  to  the  scattering  energy.  Remember,  all  rays  may  offer  this  type  of 
scattering  signal,  so  the  sum  of  many  scattered  ray  energies  will  yield  the  scattered  component. 
Our  limited  tests  show  this  is  very  close  to  measured  values,  when  the  RSSI  is  very  weak. 
However,  there  is  no  rigorous  justification  for  this. 
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DISCUSSION 


Discussor’s  name:  J.  Harvey 


Comment/Question : 

1 .  How  many  orders  of  reflection  do  you  typically  follow? 

2.  Could  you  comment  On  differences  between  your  model  and  Professor  Luebbers? 


Author/Presenter’s  reply: 

1 .  Twelve  are  more  than  sufficient  for  1  km  x  1  km. 

2.  We  use  Bonding  Volume  Hierarchy  and  consider  diffuse  scattering  on  the  “last  leg”  of  each 
ray.  We  currently  use  a  simpler  wedge  diffraction  model,  but  have  3-D  capability  and 
polarization.  We  have  a  variable  reception  sphere  and  shoot  out  rays  with  a  specified 
angle/spatial  separation,  as  opposed  to  using  Professor  Luebbers’  technique  of  specifying  a 
number  of  rays  which  nearly  guarantees  receipt  of  ray  types. 
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DISCUSSION 


Discusser’s  name: 


A.  Altintas 


Comment/Question : 

Did  you  test  the  sensitivity  of  your  algorithm  on  the  building  model?  What  I  mean  is  that,  did  you 
try  the  algorithm  with  the  slight  shifting  or  rotating  of  the  buildings? 

Also,  you  are  developing  a  commercial  code,  in  that  case  is  it  a  good  idea  to  use  parallel 
processing  techniques? 


Author/Presenter’s  reply: 

1.  We  have  not  rigorously  tested  this,  although  an  interesting  paper  on  this  appeared  in  the  1995 
IEEE  Vehicular  Technology  Conference  Proceedings  from  a  European  group.  This  is  an 
important  question  since  it  impacts  accuracy  and  resolution  issues  when  running  the  models. 

2.  Parallel  processing  will  be  common  place  in  a  few  years,  we  believe.  Right  now,  it’s  best  for 
use  in  the  research  laboratory. 
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DISCUSSION 


Discussor’s  name:  E.  Van  Lil 


Comment/Question: 

How  do  you  discriminate  between  the  different  buildings  like  concrete,  aluminium,  etc.  Do  you 
include  this  effect  in  your  program  or  do  you  intend  to  do  so? 


Author/Presenter’s  reply: 

Right  now,  we  must  manually  choose  to  model  each  building  with  a  specificC,.,  We  use  a  default 
value  of  concrete.  Ideally,  the  photogrametry  data  base  would  have  this  information  passed  to 
the  model  via  the  data  base. 
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HYBRID  DIRECT  SEQUENCE  -  FREQUENCY  HOPPING  CELLULAR  SYSTEM 

K.  Kehagias 

Hellenic  Air  Force  Research  Center  (KETA) 

Post  Office  Terpsitheas 
16501  Athens 
Greece 


SUMMARY 

The  performance  of  a  hybrid  Direct  Sequence  -  Frequency 
Hopping  system  for  mobile  communications  is  described 
through  computer  simulation  results.  The  term  hybrid 
implies  the  combination  of  two  separate  systems  operating 
together  within  the  same  physical  channel  and  not  a  Direct 
Sequence  (DS)  signal  whose  center  frequency  hops 
periodically.  The  DS  part  supports  the  high  data  rate 
services  and  the  Frequency  Hopping  (FH)  part  the  low  ones. 

Initially,  a  pure  DS  Code  Division  Multiple  Access  (CDMA) 
system  is  considered,  capable  of  supporting  data 
communications  in  a  variety  of  bit  rates.  The  capacity  of  this 
system  (number  of  users  in  the  allocated  spectrum  vs.  bit 
error  rate)  is  calculated.  Consequently,  low  data  rate 
services  are  removed  from  the  DS  system  and  are 
transmitted  using  a  FH  CDMA  technique  within  the  same 
bandwidth  and  for  the  same  expected  bit  error  rate 
performance.  Overlapping  and  non-overlapping  hopping 
patterns  are  considered.  The  overall  (DS  +  FH)  capacity  is 
calculated  and  eompared  with  the  capacity  of  the  pure  DS 
system. 

The  simulation  model  for  the  DS  CDMA  system  is  based  on 
the  specifications  of  CODIT  (COde  Division  Testbed),  a 
proposal  for  next  generation's  cellular  communication 
system.  For  the  FH  CDMA  the  simulation  model  is  based 
on  a  SFH  system  employing  Phase  Shift  Keying  (PSK) 
modulation. 

1.  INTRODUCTION 

Transfer  of  information  has  become  more  and  more 
important  in  our  society.  The  general,  personal  desire  to 
compute  or  communicate  at  any  time  ant  from  any  place, 
has  supported  the  growth  of  cellular  mobile  telephone 
network,  the  emergence  of  wireless  PBX,  wireless  Local 
Area  Networks  (LAN's)  and  many  otlier  Personal 
Communications  Services  (PCS). 

Wireless  technology  used  in  these  applications  faces  a 
number  of  challenges  such  as  spectrum  overcrowding, 
privacy  considerations,  fading  mobile  channels,  complexities 
of  the  propagation  environment  in  urban  areas  or  inside 
buildings,  etc. 

Many  of  these  problems  have  been  tackled  for  military  and 
aerospace  applications,  where  often  complex  and  costly 
solutions  have  been  considered  acceptable,  if  the  desired 
performance  was  achieved.  Spread  Spectrum  (SS) 
communications  have  been  one  of  the  most  intriguing  and 


exiting  technologies  to  emerge  from  these  efforts.  However, 
rapid  advances  in  LSI  technology  have  made  it  possible  to 
implement  the  complex  functions  required  for  SS  within  size 
and  cost  constraints  that  make  it  attractive  for  consumer 
products. 

Success  of  commercial  SS  products  such  as  Global 
Positioning  System  and  enormous  growth  potential  of  mobile 
communications  market  shifted  the  research  interest  from 
military  to  commercial  applications. 

In  mobile  communications  in  particular,  the  characteristics 
of  SS  signaling  appear  to  be  well  suited  to  mitigating  the 
problems  of  multiple  access  and  harsh  propagation 
conditions  encountered  in  a  mobile  environment. 

In  terrestrial  cellular  mobile  communication  systems,  the 
first  SS  proposal  was  for  a  Slow  Frequency  Hopping  (SFH) 
system  in  late  70's.  [1].  Another  SFH  system  [2]  was  a 
strong  contender  against  GSM  for  the  pan-European  digital 
mobile  radio  network. 

In  recent  years  proper  changes  in  regulations  such  as 
worldwide  frequency  allocation  for  Future  Public  Land 
Mobile  Telephone  Services  (FPLMTS)  and  the  Federal 
Communications  Commission  (FCC)  frequency  allocation 
for  Personal  Communication  Systems  (PCS)  within  USA, 
prompted  numerous  SS  proposals  for  future  terrestrial  and 
satellite  digital  mobile  communication  sy.stems.  Most  of 
these  systems  employ  DS/CDMA  as  multiple  access  method 
with  various  PSK  schemes  for  data  modulation.  There  are 
also  proposals  for  hybrid  DS/FH  [3]  and  also  for 
FH/TDMA  (GSM  incorjwrates  a  FH  option).  All  new 
systems  are  designed  to  offer  best  communication  quality 
maximizing  bandwidth  efficiency.  New  design  features 
include: 

Support  of  emerging  telecommunication  services 
through  the  exploitation  of  the  concept  of  'bandwidth  on 
demand'  i.e.  the  ability  to  handle  information  exchange  in  a 
variety  of  data  rates  according  to  the  provided  service 
(voice,  fax,  low  rate  data,  high  rate  data,  etc.). 

Proper  design  of  the  radio  interface  in  order  to 
offer  coexistence  with  other  users  and  systems  with  little 
frequency  coordination. 

code  Division  Testbed  (CODIT),  a  proposal  for  a  third 
generation  DS/CDMA  system  for  cellular  mobile 
communications  is  examined  in  this  paper.  The  project  is 
supported  by  Erricson.  IBM  and  Italtel.  So  far  a  testbed  has 
been  implemented  and  Swedish  Authorities  allocated  the 
frequency  spectrum  for  initial  trials.  CODIT  is  designed  to 
support  "bandwidth  on  demand"  by  adjusting  the  spreading 
factors  according  to  the  information  rates.  However,  use  of 
large  spreading  factors  for  low  capacity  users  may  be 
considered  a  wa.ste  of  bandwidth.  Thus,  a  way  to  increase 


Paper  presented  at  the  AGARD  SPP  Symposium  on  “Digital  Communications  Systems:  Propagation  Ejfects, 
Technical  Solutions,  Systems  Design’’,  held  in  Athens,  Greece,  18-21  September  1995  and  published  in  CP-574. 
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the  capacity  of  CODIT  using  an  embedded  FH  system  for 
low  capacity  users  is  examined. 

2.  CODIT  SPECIFICATIONS 

A  short  description  of  CODIT's  radio  interface 
specifications  (layer  1  and  some  parts  of  layer  2  of  OSl 
model)  follows  in  this  section. 

Information  is  carried  through  logical  channels  which  are 
divided  to  traffic  and  control  channels.  Traffic  channels 
(TCH)  are  intended  to  carry  either  encoded  speech  (TCH/S) 
or  user  data  (TCH/D).  For  speech  the  maximum  allowable 
net  rate  is  16Kbit/sec.  Choice  between  variable  rates  (400, 
3200,  7200,  8500,  12000,  12500  and  16000  bits/sec) 
depends  on  information  about  source  significance,  physical 
channel  state,  traffic  load  and  other  parameters  provided  by 
the  resource  manager.  For  data  three  different  net  bit  rales 
are  supported:  9.6,  64  and  128  Kb/sec.  Choice  depends  on 
user  application.  Control  channels  (CCH)  carry  various 
information  used  by  the  system  such  as  handover  commands 
and  measurement  data.  Transmissions  are  performed  at  a 
net  bit  rate  of  9.6  Kbit/sec. 

For  each  logical  channel  a  different  coding  scheme  is 
adopted.  The  general  structure  of  channel  coding  is 
presented  in  Figure  1. 


Figure  1 .  General  structure  of  channel  coding 


TCH/D  and  CCH  channels  are  encoded  fir.st  with  a  block 
code  followed  by  a  convolutional  code.  Interleaving  is 
performed  after  block  encoding  and  after  convolutional 
encoding.  TCH/S  channels  are  encoded  with  a  convolutional 
code  and  are  then  interleaved. 

Coding  parameters  and  channel  rates  for  THC/D  channels 
are  presented  in  Table  1 .  For  TCH/S  the  rale  of  the 
convolutional  code  may  vary  according  to  the  sensitivity  of 
the  transmitted  bits  to  the  channel  errors. 


Channel 

type 

Information 

rate 

RS  code 

Convolutional 

Code 

Channel  rate 

TCH/D 

9.6 

9.6  K.bits/s 

RS(60,48) 

1/2  dpRUE”'® 

24.8  kbit/s 

TCH/D 

64 

64  Kbits/s 

RS(100,80) 

1/2  d,..R,.,,=10 

161.6  kbil/s 

TCH/D 

128 

128  Kbits/s 

RS(  100,80) 

1/2  d|;Rj;g=10 

323.2  kbil/s 

Table  1 .  Coding  parameters  of  TCH/D  channels 


Mapping  of  logical  to  physical  channels.  Logical  cliannels 
after  coding  are  fortned  to  a  sequence  of  data  blocks.  Each 
data  block  is  transmitted  within  a  certain  period  of  time,  a 
CDMA  frame.  Mapping  of  logical  data  blocks  into  the 
CDMA  fratne  is  done  using  a  physical  packet.  Each  logical 


data  block  is  tnulliplied  with  an  appropriate  spreading  code 
for  expansion  of  the  channel  bit  rate  to  the  chip  rate  of  the 
physical  packet. 

There  are  totally  six  physical  packets.  Three  of  them  are 
called  mediumband  and  three  narrowband.  Mediumband 
packets  have  a  chip  rate  of  5.1 15Mchip/s  and  can  be  used 
for  all  types  of  logical  channels.  Narrowband  packets  have 
a  chip  rate  of  1.023  Mchip/s  and  cannot  be  used  for 
TCH/D  64  and  TCH/D  128  logical  channels  due  to 
inadequate  spreading. 

Spreading  factor  and  chip  rate  parameters  for  various  logical 
channels  of  a  mediumband  physical  packet  are  presented  on 
Table  2: 


Data  rate 

Spreading 

Factor 

Chip  rate 

Application 

4 

1,278 

51,120 

TCI  1/Speech  0.4 

10 

Sll 

51,100 

TCH/Spccch  3.2 

18.8 

272 

51,136 

TCIl/Spccch  7.2 

22 

232 

51,040 

TCH/Spccch  8.5 

24.8 

206 

51,088 

TCH/Data  9.6 

30 

170 

51,000 

TCH/Spccch  12 

31.2 

163 

50,856 

TCH/Spccch  12.5 

32 

159 

50,880 

TCH/Spccch  16 

161.6 

31 

50,096 

TCH/Data  64 

323.2 

15 

48,480 

TCH/Data  128 

Table  2.  Parameters  of  a  mediumband  physical  channel 


For  transmission  each  physical  packet  requires  a  certain 
bandwidth  which  is  used  in  the  allocation  of  a  corresponding 
physical  channel.  The  frequency  band  allocated  for  CODIT 
(2221.45  to  2240.88  MHz)  is  split  into  six  radio  frequency 
channels.  Narrowband  physical  channels  have  a  bandwidth 
of  1.023MHz  and  wideband  physical  channels  a  bandwidth 
of  5.115MHz.  Down  link  has  a  frequency  offset  of  100.5 
MHz  form  uplink. 

Channel  modulation  for  the  TX  path  is  QPSK  with  different 
spreading  codes  for  1  and  Q  channels  and  OQPSK  with 
coherent  demodulation  for  the  RX  path.  A  square  root 
cosine  filter  is  used  for  pulse  shaping  with  a  roll  of  factor  of 
0.35.  There  are  three  classes  of  TX  power  for  MS  0.02,  0.2 
and  2  Walts. 

CODIT  capacity  in  traffic  data  channels. 

The  capacity  of  CODIT  in  TCH/D  channels  presented  here 
has  been  evaluated  via  simulation  studies.  The  purpose  of 
the  simulation  is  to  provide  results  that  will  be  used  to 
compare  the  performance  of  CODIT  with  the  performance 
of  the  hybrid  system.  Only  the  parameters  which  are 
necessary  to  estimate  the  multiple  access  capacity  of  the 
system  arc  incorporated  into  the  simulation  model.  Results 
describe  the  number  of  traffic  data  channels  that  can  be 
simultaneously  supported  by  a  mediumband  physical 
channel  (5.115  MHz)  versus  the  bit  error  rate  probability  for 
each  data  channel. 

The  following  assumptions  were  made  in  developing  the 
simulation: 
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♦  Only  TCH/D  channels  are  considered  to  exist  within 
the  physical  channel.  A  single  communication  link  is 
modeled  and  by  application  of  Gaussian  approximation 
the  multiple  access  perfonnance  of  the  system  is' 
evaluated.  Increased  data  traffic  does  not  block  active 
communication  channels  but  has  the  effect  of  a 
'graceful  degradation'  in  the  overall  bit  error  rate 
performance. 

♦  Coding  and  interleaving  techniques  of  CODIT 
described  in  the  previous  section  have  not  been  fully 
implemented  in  the  simulation  model  in  an  attempt  to 
reduce  simulation  time.  To  compensate  for  this  the 
spreading  factors  for  each  channel  have  been  increased 
according  to  the  expected  coding  gain.  The  modulation 
scheme  for  the  RX  path  has  been  modeled  as  QI^SK 
since  in  linear  systems  OQPSK  has  the  same  bit  error 
rate  probability  and  power  spectral  density  as  nonnal 
QPSK[ 

♦  The  propagation  model  includes  Additive  Wliitc 
Gaussian  Noise  (AWGN).  The  results  can  .  be 
transformed  for  a  log-normal  shadowing  or  Rayleigh 
fading  propagation  environment  with  the  addition  of  a 
uniform  pierfonnance  degradation  for  all  types  of 
TCH/D 's.  This  can  be  done  since  the  same  digital 
signal  processing  is  used  for  every  data  channel. 

♦  Perfect  power  control  and  synchronization  between 
spreading  sequences  is  assumed. 


Simulation  results  are  presented  in  Figures  2  to  5. 


Fig.  2  CODIT  mediiimband  channel  capacity  inTCH/DI28 


Fig.  3  CODIT  Mediumhand  channel  capacity  in  TCH/D64 


Fig,  4  CODIT  Mediuniband  channel  capacity  in  TCH/D9.6 


In  figure  5  the  presented  results  refer  to  a  mixed  data  users 
scenario.  Each  number  in  the  x  -axis  is  normalized  and  is 
equivalent  to  one  128kb/sec  user,  two  64kb/sec  or  twelve 
9.6  Kb/sec  users. 


Fig.  5  Normalized  CODIT  mediumhand  capacity  in  TCH/D 
channels 


3.  FREQUENCY  HOPPING  SYSTEM 

In  a  frequency  hopping  system  the  allocated  spectrum  is 
divided  into  a  number  N  of  equally  spaced  intervals  and  at  a 
specific  time  the  transmitted  signal  occupies  only  one  of  the 
N  available  channels.  A  P.N  code  sequence  fed  into  a 
frequency  synthesizer  generates  the  actual  carrier 
frequency.  In  the  receiver  a  synchronized  P.N  code 
generator  and  an  identical  synthesizer  provide  the  same 
hopping  pattern  in  order  to  dehop  the  received  signal  before 
demodulation.  The  parameters  which  define  the 
perfonnance  of  a  FH  system  are: 

♦  The  number  N  of  available  frequency  channels 

♦  The  hopping  rate 

♦  The  type  of  channel  modulation 

♦  The  type  and  length  of  hopping  patterns 

♦  The  type  of  Forw-ard  Error  Control  (if  used). 
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Compared  to  DS-SS,  FH-SS  provide  better  performance  in 
fading  channels  and  jamming  environments  (especially 
when  the  hopping  rate  is  fast,  i.e.  hopping  rate  >  twice  the 
symbol  rate)  but  their  multiple  access  capability  under 
AWGN  is  worse  [9,10]  due  to  interference  between  multiple 
hopping  users.  This  is  the  main  reason  why  FH  as 
standalone  systems  are  better  suited  for  military  ratlier  than 
commercial  applications  [8], 

In  this  section,  the  parameters  of  the  frequency  hopping 
system  that  will  be  overlaid  with  CODIT  are  described. 
Since  the  FH  system  must  operate  from  the  same  platform 
as  CODIT,  the  hopping  parameters  must  be  defined  in 
coordination  with  the  radio  interface  specifications  of 
CODIT. 

The  total  hopping  bandwidth  is  set  to  be  equal  to  the 
bandwidth  allocated  for  the  three  mediumband  channels  of 
CODIT,  i.e.  5.115MHz  *  3  =  15.345MHz. 

The  FH  system  will  be  used  for  low  data  rate 
communication.  Thus  the  information  rate  of  a  logical 
channel  is  set  equal  to  the  TCH/D9.6  of  CODIT.  The 
coding  and  interleaving  scheme  of  CODIT,  presented  in 
Figure  1,  may  be  also  used  in  the  FH  system  resulting  in  a 
chip  rate  for  each  channel  at  24.8  Kbit/sec. 

The  hopping  rate,  i.e.  number  of  hops  per  chip  must  satisfy 
two  conditions:  (a)  to  be  fast  enough  to  overcome  the 

fading  rates  encountered  in  a  mobile  environment. 
(Assuming  a  maximum  mobile  speed  of  lOOmph,  the 
fading  rate  at  the  TX  frequency  of  2220  MHz  is  330 
fades/sec).  (b)  to  be  slow  enough  to  allow  the 

adoption  of  a  coherent  modulation  scheme. 

Thus  a  hopping  rate  of  Ihop  /  2symbols  is  used. 

Channel  modulation.  All  types  of  modulation  schemes,  FSK, 
DPSK  and  PSK  have  been  proposed  for  use  in  FH  systems- 
[5].  However,  in  fast  hopping  systems  coherent  modulation 
schemes  are  not  feasible  without  the  use  of  channel 
equalization  techniques.  The  hopping  rate  of  0.5  hops/sec 
chosen  for  the  specific  system  is  slow  enough  to  allow  the 
adoption  of  a  coherent  modulation  scheme.  For  better 
spectrum  efficiency,  and  compliance  with  CODIT  the  same 
modulation  scheme  with  CODIT  is  adopted. 

With  a  chip  rate  of  24.8  Kb/sec  and  QPSK  modulation,  each 
logical  channel  will  have  a  '3db  bandwidth  of  13.1KHz. 
Thus  the  total  number  of  discrete  channels  within  the 
available  hopping  bandwidth  is  N  =  1 170. 

The  hopping  rates  are  random.  In  order  to  achieve  a 
hopping  distance  greater  than  the  coherence  bandwidth  of 
the  channel,  the  hopping  patterns  are  designed  to  change  to 
a  different  mediumband  channel  in  successive  hops. 

Performance  analysis  of  FH  QPSK 

The  bit  error  rate  for  a  phase  coherent  FH  spread  spectrum 
signal  employing  QPSK  modulation  in  an  AWGN  channel 
may  be  derived  as  follows: 

The  signal  at  the  transmitter  output  is  described  by:  (1) 

00 

(0  =  X PT'it  -  ^  cos[2;^rf  +  ^  + 

n=-a> 


where  P  is  the  average  power  of  the  signal, 
pj  is  a  unit  pulse  of  duration  T 

is  the  frequency  during  the  nth  hop  interval 
^  is  a  random  phase  during  the  nth  hop  interval 
and 

ddif)  is  an  arbitrary  coherent  data  modulation 


The  channel  will  add  noise  and  assuming  that  the 
dehopper  is  perfectly  synchronized  with  the  hopper  both  in 
phase  and  in  frequency,  the  received  signal  input  to  the 
bandpass  filter  after  dehopping  may  be  written:  (2) 


r^  (r)  =  \  -  T)  cos[2;5fii  -i-  ^  +  nn{f) 

V  n=-<o 

*1  2  Y^prit  -  T)cosl2n:fnt] 


where  n^(t)  is  a  frequency  hopped  noise  signal 
with  instantaneous  one  sided  bandwidth  equal  to  the 
bandwidth  W  of  the  instantaneous  frequency  hopped 
transmission. 

Since  the  received  noise  spectrum  covers  the 
entire  FH  band,  the  despreader  output  noise  power  spectral 
density  is  constant  for  all  frequencies,  so  the  output  of  the 
bandpass  filter  may  be  written: 

u{t)  -  -yp^  cos[0rf(f)]  +  rui{t)  (3) 

where  n^(t)  is  band  limited  AWGN  noise  with  two 
sided  spectral  density  of  1/2  N. 

From  (3)  it  is  shown  that  after  the  despreading  we 
get  a  normal  QPSK  signal.  Thus  u(t)  which  is  the  input  to 
the  QPSK  demodulator  will  have  the  error  performance  of  a 
narrowband  QPSK  signal.  That  means  that  the  bit  error  rate 
of  the  coherent  demodulated  Slow  Frequency  Hopped  QPSK 
is  the  same  as  that  of  a  narrowband  QPSK.  Therefore: 


where  Q(x)  is  the  complementary  error  function 

ew=-i=Jexp 

V/^  X 


(5) 


In  a  fading  channel  which  apart  from  AWGN  noise  has  also 
amplitude  variations  described  by  Rayleigh  statistics,  the 
probability  of  error  for  a  SFH  QPSK  signal  may  be  derived 
as  follows: 

If  K  out  of  N  (0<K<N)  descrete  frequency  channels 
experience  a  deep  fade,  the  probability  that  a  transmission  is 
faded  is  K/N  whilst  1-K/N  is  the  probability  of  not  being 
faded.  The  average  probability  of  error  may  be  written: 


£ 

n' 


■  A,  (Pray  +  ^fh. 


,-„)  +  ■ 


N-K 
N 


(6) 


where  the  probability  of  error  in  a  slow  fading  channel  for 
coherent  PSK  is  [1 1] 


P  z=  -X=  where 
4y 


- 


r  = 


N. 


-E{r^) 


4.  HYBRID  DS/FH  SYSTEM 
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and  E{r^)  is  the  average  value  of 


n 

r- 


and  r  is  the  fading 


amplitude  which  has  a  pdf; 


M^)  =  7Texp( 


>  '  tn  ^ 


A  description  of  the  hybrid  system  and  simulation  results  for 
it's  performance  are  presented  in  this  section. 

A  conventional  hybrid  DS/FH  system  is  presented  in  Figure 
9, 


Simulated  performance  of  the  FH  QPSK  in  AWGN  and 
Rayleigh  fading  channels  is  presented  in  Figures  6  to  8. 


Fig.  6  Performance  of  FH  QPSK  in  AWGN 


Fig  7.  Performance  of  SFH  QPSK  in  a  fading  channel 


Fig.  8  SFH_QPSK  in  Rayleigh  channels  of  different  fading  rale 


Fig.  9  Transmitter  of  a  Hybrid  DS/FH  system 

Information  bits  are  first  spread  by  the  modulo  2  addition 
with  a  spreading  sequence  and  the  TX  frequency  is  hopped 
according  to  a  hopping  sequence  whieh  feeds  a  frequency 
synthesizer.  The  performance  of  those  systems  in  terms  of 
multiple  access  has  been  thoroughly  analyzed  in  [10],  In 
general,  under  normal  propagation  conditions,  their  multiple 
access  cap.ability  is  worse  than  pure  DS  and  worse  than  pure 
FH. 


The  hybrid  .system  which  will  be  examined  here  is  presented 
in  Figure  10. 


Fig  10  Transmitter  part  of  the  proposed  hybrid 


This  Hybrid  is  effectively  an  overlay  between  a  FH  system 
and  a  DS  one.  The  type  of  TCH/D  channels  supported  by 
the  hybrid  is  the  same  as  for  CODIT  but  the  overall  traffic 
load  is  divided  between  the  two  systems.  TCH/D64  and 
TCH/D  128  channels  are  transmitted  with  the  DS  part  of  the 
hybrid.  For  TCH/D9.6  channels  the  resource  manager  will 
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decide  if  they  will  be  transmitted  with  the  DS  or  the  FH 
part.  In  this  way  the  traffic  load  of  the  DS  system  is  reduced 
resulting  in  a  better  bit  error  rate  performance  for  the 
remaining  channels.  On  the  other  hand  overlaid  FH 
transmissions  will  interfere  to  the  DS  communications 
causing  a  performance  degradation  to  tlie  DS  system  .  The 
question  is  if  the  overall  spectrum  efficiency  with  this 
configuration  is  better  compared  to  CODIT. 

A  simulation  model  has  been  created  to  study  the 
performance  of  the  hybrid  system  of  Figure  10.  Tlie 
simulations  were  run  with  the  following  settings: 

The  DS  model  is  the  one  used  in  section  2  to  simulate  the 
capacity  of  CODIT.  The  FH  model  has  been  designed 
according  to  the  description  of  the  FH  system  in  the  section 
3. 

Transmitting  power  for  each  FH  user  is  set  to  a  level  that 
will  enable  hopping  users  to  operate  with  a  bit  error  rate  in 
the  region  of  lOE-5  to  lOE-4. 

Multiple  hopping  users  are  simulated  as  individual  hopping 
transmitters.  This  approach  requires  excessive  simulation 
time  but  is  necessary  in  order  to  obtain  a  reliable  outcome 
since  noise  due  to  overlaid  hopping  transmissions  can  not  be 
considered  uniformly  distributed. 

The  propagation  channel  is  an  AWGN  channel. 

Simulation  results  are  presented  in  Figures  11  to  13. 

The  performance  of  the  system  as  the  number  of  the  FH 
transmissions  is  increased  is  shown  in  Figure  11.  The 
hopping  patterns  of  the  FH  users  are  not  allowed  to  overlap. 
If  CODIT  was  to  operate  with  a  bit  error  rate  in  the  are  of 
lOE-5  to  lOE-4  it  is  observed  that  for  a  small  number  of 
overlaid  FH  links  (up  to  12)  the  bit  error  rate  of  the 
remaining  CODIT  connections  is  improved.  The  best 
improvement  that  can  be  obtained  is  about  10%,  when  the 
DS  system  is  operating  with  a  bit  error  rate  in  the  region  of 
10"5.  As  the  number  of  hopped  users  is  increased  the 
interference  caused  by  the  FH  transmissions  overtakes  the 
improvement  due  to  reduced  traffic  and  the  result  is  a 
perfonnance  degradation . 

In  Figure  12  the  hopping  patterns  of  the  FH  users  are 
allowed  to  overlap.  The  maximum  overlapping  allowed  in 
this  case  means  that  the  occasional  number  of  hopping  users 
cover  a  bandwidth  half  that  the  bandwidth  covered  in  the 
non-overlapping  case.  The  simulation  result  shows  that  we 
can  increase  the  maximum  number  of  hopping  users  to  an 
amount  directly  proportional  to  the  overlapping  degree. 
However  the  maximum  performance  gain  remains  the  same, 
while  FH  communication  with  overlapping  hopping  patterns 
may  not  be  accepted  for  commercial  applications  (FCC 
regulations  for  commercial  FH  systems  in  ISM  bands). 

In  Figure  13  the  effect  of  an  increased  TX  power  of  FH 
transmissions  is  presented.  In  this  case  the  DS  system 
perfonnance  is  decreased  in  favor  of  a  better  FH 
communication. 

For  he  performance  of  he  FH  connections,  since  the  total 
number  of  FH  transmissions  is  less  than  10%  of  the 
available  discrete  channels  we  can  assume  that  problems  of 


mutual  interferenece  they  will  not  be  affected  the  bit  error 
rate. 

6.  CONCLUSIONS 

The  performance  of  a  Hybrid  DS/FH  system  in  the  form  of 
overlaid  FH  and  DS  transmissions  has  been  examined.  It  has 
been  shown  that  such  a  hybrid  may  offer  a  small 
improvement  in  spectrum  efficiency  when  the  number  of  FH 
transmissions  is  sufficiently  small.  As  the  number  of  FH 
transmissions  is  increased  the  overall  spectrum  efficiency  is 
getting  worse  compared  to  pure  DS.  The  higher  hardware 
complexity  for  the  implementation  of  such  a  system  may  not 
be  justified  if  spectrum  efficiency  is  the  objective.  But  a 
hybrid  system  of  the  proposed  configuration  has  the 
flexibility  to  offer  improved  services  to  users  when  privacy 
and  resistance  to  interference  are  of  importance. 
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